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1 . INTRODUCTION 


This  semiannual  technical  report  covers  research  carried  out  by 
the  Advanced  Teleprocessing  Systems  group  at  UCLA  under  ARPA  Contract 
DAHC  15-73-C-0368  during  the  period  July  1,  1976  to  December  31,  1976. 
Advancements  have  been  made  on  all  four  contracted  tasks,  namely, 
ground  radio  packet  switching,  satellite  studies,  resource  sharing 
and  security.  In  the  following  paragraphs  we  describe  that  progress 
and  point  to  the  list  of  references  which  represent  the  published 
work  results  from  this  supported  research. 

Following  this  summary  is  a list  of  publications  produced  as  a 
result  of  the  recent  research  on  this  contract  covering  the  six  months 
being  reported  on.  This  list  contains  only  those  articles  and  reports 
which  in  fact  did  appear  in  print . Papers  which  have  been  submitted 
(of  which  there  are  many)  are  not  listed  here,  but  will  be  listed  in 
future  reports  as  they  appear  in  the  published  literature.  As  usual, 
we  devote  the  main  body  of  this  report  to  the  detailed  presentation 
of  one  aspect  of  this  overall  research,  and  we  simply  mention  the 
other  areas  briefly  in  this  summary. 

The  research  which  is  detailed  in  the  manin  body  of  this  report 
refers  to  various  multiaccess  schemes  in  packet  switched  radio  systems. 
This  particular  problem  lies  at  the  core  of  our  ground  radio  packet 
switching  studies.  The  problem  is  how  to  properly  gain  access  to  a 
communications  channel  when  its  sources  are  both  bursty  and  distri- 
buted geographically.  Various  random  access  schemes  have  been  studied 
in  the  past  under  various  assumptions.  The  work  reported  on  here  is 
the  Ph.D.  dissertation  of  Michel  Scholl  (Chairman,  Leonard  Kleinrock) 
and  is  entitled,  "Multiplexing  Techniques  for  Data  Transmission  over 
Packet  Switched  Radio  Systems."  A number  of  important  aspects  of  this 
problem  have  been  addressed  in  the  research  reported  upon  here.  Let 
us  summarize  the  results  achieved.  First,  some  new  access  schemes  are 
defined  and  analyzed  which  turn  out  to  be  far  more  efficient  than  time 
division  multiple  access  (TDMA) . These  schemes  take  advantage  of  carrier 
sensing  and  are  absolutely  conflict-free  as  opposed  to  many  of  the 
other  multiaccess  schemes  studied.  They  are  particularly  well-suited 
to  a small  population  of  terminals  rather  than  to  the  large  case  and 
perform  roughly  the  same  (slightly  worse)  as  does  polling;  the  advant- 
age they  have  over  polling  is  that  they  require  no  centralized  control, 
such  control  being  a liability  from  a reliability  and  security  point- 
of-view.  An  improved  version  of  these  schemes,  namely,  minislotted 
alternating  priorities  (MSAP)  is  then  introduced  and  analyzed.  This 
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scheme  is  superior  to  polling  at  all  levels  of  traffic.  Under  heavy 
traffic  conditions,  it  performs  better  than  carrier  sensing  multiple 
access  (CSMA)  for  all  numbers  of  users  and  under  light  traffic  conditions 
it  is  competitive  with  the  CSMA  only  when  the  number  of  sources  of 
users  is  small.  A third  result  of  this  research  is  to  consider  a mixed 
ALOHA  carrier  sense  (MACS)  which  permits  a single  large  user  to  steal 
slots  which  are  unused  by  a large  population  of  small  users  (each  of 
which  operates  in  an  ALOHA  fashion) . By  including  this  large  user 
traffic  in  addition  to  the  background  traffic,  we  significantly  increase 
the  total  channel  throughput.  In  summary,  then,  the  major  contributions 
of  this  research  are  as  follows:  the  introduction  of  performance  eval- 

uation of  new  methods  for  multiplexing  users  on  a packet  switched 
multiple  access  radio  channel;  and  secondly,  the  inclusion  of  traffic 
from  different  sources  from  the  same  radio  channel  thereby  providing 
efficient  channel  utilization  and  leading  to  the  design  of  new  mixed 
access  schemes.  Further  details  can  be  found  in  the  abstract  and 
dissertation  reproduced  in  the  main  body  following  the  list  of  publi- 
cations. 

Our  efforts  in  Task  I,  packet  radio  studies,  have  moved  along  with 
considerable  success  in  this  period.  First,  of  course,  is  the  work 
reported  upon  in  reference  7 which  follows  in  its  entirety  as  the 
body  of  this  report.  The  work  reported  in  references  8,  9,  10  and  11 
represents  our  additional  results  in  this  area  and  is  related  to 
theoretical  as  well  as  implementation  and  practical  problems  of  ground 
radio  packet  switching  systems. 

Task  II,  satellite  experimentation,  has  been  highly  productive. 

Our  experiments  on  the  Atlantic  satellite  have  been  rather  extensive  in 
reservation  TDMA  and  slotted  ALOHA.  We  have  observed  that  reservation 
TDMA  is  a fairly  efficient  scheme  and  behaves  as  predicted  in  a rather 
straight-forward  way.  Our  slotted  ALOHA  measurement  and  simulation 
experiments  have  supported  the  fact  that  such  channels  must  be  controlled 
or  their  efficiency  is  badly  degraded.  In  references  2 and  3,  we  des- 
cribe results  on  various  access  control  schemes  which  automatically 
adapt  to  channel  load  conditions  and  control  the  slotted  ALOHA  system. 
These  control  schemes  provide  an  efficient  and  stable  channel  performance 
and  essentially  resolve  the  stability  problem  in  a very  effective  fashion 

Resource  allocation  and  sharing  represent  Task  III.  Reference  4 
contains  work  on  very  large  network  design  and  is  a summary  paper  of  the 
work  reported  upon  in  our  previous  semiannual  technical  report.  Refer- 
ence 5 is  a survey  paper  of  progress  in  communications  and  networks. 
Reference  6 describes  the  deleterious  effects  of  periodic  routing  to 
stream  traffic,  an  example  of  which  would  be  packetized  speech;  recog- 
nizing these  effects,  one  can  properly  design  systems  to  increase  the 
efficiency  in  the  face  of  such  mixed  traffic  streams. 


During  this  period,  considerable  research  progress  on  the  security 
task  (Task  IV)  was  made  in  the  areas  of  operating  system  development, 
network  security  design,  data  management  security,  programming  languages 
for  secure  computing,  and  system  verification.  Much  of  the  research 
centered  around  the  design,  development  and  verification  of  the  UCLA 
Data  Secure  UNIX  Operating  System.  The  Kernel  of  that  system  was 
completed,  including  the  last  stages  of  its  design,  complete  implement- 
ation of  its  basic  capabilities,  and  extensive  debugging.  The  UNIX 
interface  was  designed,  implemented,  and  subjected  to  initial  debugging. 
Elementary  versions  of  the  system's  schedules  and  file  manager  were 
coded  and  integrated  with  the  rest  of  the  system.  The  entire  prelimin- 
ary operating  system,  including  all  the  modules  mentioned  above,  were 
readied  to  permit  installation  at  another  U.S.  Government  site  for 
testing.  Documentation  suitable  for  systems  programmers'  use  of  UCLA 
UNIX  was  produced  to  meet  technology  transfer  desires  as  well  as  to 
support  the  projected  government  procurement  of  a production  quality 
secure  operating  system.  Progress  in  the  verification  of  the  UCLA 
system  was  composed  of  a revision  of  the  system  verification  specifi- 
cations, for  publication  in  the  professional  literature,  and  proposals 
for  changes  to  the  ISI  verification  system.  Those  changes  will  be  made 
by  the  ISI  research  group.  A member  of  the  UCLA  research  team  partici- 
pated in  the  development  of  a new  programming  language  called  Euclid, 
oriented  to  the  implementation  of  verifiable  systems  programs.  The 
language,  derived  from  PASCAL,  and  motivated  in  part  by  UCLA  verifica- 
tion experiences,  was  specified  and  its  semantics  axiomatized.  The 
language  developers  also  oversaw  the  accompanying  commercial  compiler 
implementation.  Such  activities  in  data  management  and  network  security 
also  were  ongoing  during  this  period.  The  network  activity  has  yielded 
a proposal  for  a secure  architecture  that  both  minimizes  the  amount  of 
mechanism  involved  while  still  permitting  retrofit  to  environments  such 
as  the  ARPANET  at  modest  cost.  This  work,  as  well  as  the  other  security 
research,  will  be  coord'  ited  with  related  ARPA  activities. 

Following  is  a list  of  publications,  after  which  the  main  report  on 
multiplexing  techniques  is  given. 
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ABSTRACT 

We  study  the  behavior  of  a population  of  geographically  dis- 
tributed data  users  who  use  packet-switching  to  communicate  with  each 
other  and/or  with  a central  station  over  a multiple-access  broadcast 
radio  channel.  We  introduce  and  analyze  Alternating  Priorities  (AP) , 
Round  Robin  (RR)  and  Random  Order  (RO)  as  methods  for  multiplexing  a 
small  number  of  buffered  users,  without  control  from  a central  station. 
In  these  access  modes,  we  increase  the  channel  utilization  by  allowing 
any  user  to  "steal"  the  channel  time  assigned  to  a user  who  is  idle  (by 
sensing  the  carrier).  These  methods  are  effective  when  the  number  of 
users  is  not  too  large  (less  than  20)  or  when  the  propagation  delay  of 
the  signal  is  small  compared  to  the  packet  transmission  time.  Other- 
wise, a large  overhead  leads  to  a performance  degradation.  To  reduce 
this  degradation,  we  consider  a natural  extension  of  AP,  called  Mini- 
slotted  Alternating  Priorities  (MSAP) , which  minimizes  the  overhead  and 
performs  better  than  existing  techniques  (such  as  Polling)  for  multi- 
plexing a small  number  of  buffered  users  over  a single  radio  channel. 

In  addition  and  of  major  importance  is  the  fact  that  MSAP  does  not 
require  control  from  a central  station. 

A second  alternative  for  multiplexing  the  users  on  a packet 
switched  radio  channel  is  to  include,  on  a single  radio  channel,  the 
traffic  of  these  users  (called  small  users)  as  well  as  the  traffic  of  a 
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large  buffered  user.  By  dynamically  sharing  the  channel  among  the  two 
traffic  classes,  the  required  channel  capacity  is  much  less  than  in  the 
unshared  case  of  two  dedicated  channels.  The  large  user  within  range 
and  in  line  of  sight  of  all  small  users  "steals,"  by  carrier  sensing, 
the  slots  unused  by  the  small  users.  T\vo  access  modes  are  studied  which 
differ  with  respect  to  the  nature  of  the  population  of  small  users:  In 

the  Mixed  ALOHA  Carrier  Sense  (MACS)  access  mode,  a large  population  of 
bursty  (small  users)  contend  for  the  channel  in  a slotted  ALOHA  fashion. 
Not  only  is  the  small  users'  performance  improved,  but  also  the  perfor- 
mance of  the  large  user  is  better  with  MACS  than  it  is  when  dedicated 
channels  are  assigned  to  the  large  user  and  the  small  users.  The  same 
idea  is  applied  in  the  Mixed  Alternating  Priorities  Carrier  Sense 
(MAPCS)  access  mode.  In  MAPCS , a few  buffered  (small)  users  share  the 
total  available  bandwidth  under  the  AP  protocol.  Although  MAPCS  provides 
a very  good  performance  to  the  small  users,  the  large  user's  performance 
is  greatly  affected  by  the  presence  of  the  small  users. 

The  introduction  and  implementation  of  packet  radio  techniques 
is  likely  to  have  a large  impact  on  the  data  communication  field. 

Studies  such  as  this  one  are  important  in  that  they  contribute  to  those 
techniques . 
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CHAPTER  1 


INTRODUCTION 


The  constantly  growing  need  for  access  to  computers. 


communi- 


cation channels  and  distributed  computer  communication  networks 


renders 


the  problem  of  allocating  these  large,  expensive  resources  among  an  ever 
increasing  number  of  users  a rather  fundamental  one.  It  is  projected 
that  by  1980  approximately  four  to  five  million  data  terminals  will  be 
in  use  in  the  United  States  [mill  7^"’,  and  it  is  estimated  that  the  data 
traffic  in  seventeen  western  European  countries  will  grow  by  a factor  of 


six  from  1972  to  1980,  [EURO  73].  Kleinrock  describes  the  resource 

) 

allocation  problem  as  follows  [KLEI  74] : 

/ 

"A  mfeans  for  allocating  these  resources  in  order  to 
resolve  the  conflicting  demands  is  one  of  the  most  impor- 
tant aspects  of  today's  system  design  and  operation.  In 
fact,  resource  allocation  is  at  the  root  of  most  of  the 
technical  (and  non-technical)  problems  we  face  today  in 
and  beyond  the  information  processing  industry.  These 
problems  occur  in  any  multi-access  system  in  which  the 
arrival  of  demands  as  well  as  the  size  of  the  demands  made 
upon  the  resources  are  unpredictable.  The  resource  allo- 
cation problem  in  fact  becomes  that  of  resource  sharing 
and  one  must  find  a means  to  effect  this  sharing  among  the 
users  in  a fashion  which  produces  an  acceptable  level  of 

performance."  r 

f\  i 

We  a-estT+et-ewr  attention the  allocation  of  a data  communi- 
cation channel;  the  demands  placed  upon  this  scarce  resource  made  by 
a population  of  users  (terminals), with  the  following  characteristics: 

\ 


An  example  of  which  is  the  ARPANET  (The  Advanced  Research  Projects 
Agency  Network)  [CARR  70,  FRAN  70,  HEAR  70,  KLEI  70,  ROBE  70]. 
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•The  demands  are  unpredictable  and  bursty  [Ki.FI  74 J* 

•The  users  are  possibly  geographically  scattered. 

One  of  the  major  functions  of  the  data  communication  channel  is 
to  provide  to  the  users  access  to  information  processing  and  storage 
capacity  available  from  a computer  or  a network  of  computers.  We  will 
also  consider  the  communication  channel  as  a media  providing  direct 
communication  among  the  users  (terminals)  themselves.  In  any  case,  the 
users  are  connected  with  each  other  (and/or  with  a central  node)  by 
means  of  a communication  network  referred  to  as  the  terminal  access 
netwo rk . 

If  the  major  function  of  this  network  is  to  provide  access  to 
a local  computer  (or  to  a remote  computer  through  a long-haul  computer- 
computer  communication  subnetwork),  then  the  terminal  access  network  is 
referred  to  as  a centralized  network.  By  centralized  network,  it  is 
understood  that  all  demands  made  upon  the  channel  are  made  either  by  a 
terminal  which  needs  access  to  the  central  node  (computer)  or  by  the 
computer  which  wants  to  be  connected  with  any  terminal  (Figure  1 . a) . 

If  the  function  of  the  terminal  access  network  is  also  to  pro- 
vide a means  by  which  terminals  can  directly  access  each  other,  we  are 
in  the  presence  of  so-called  point-to-point  communication  networks 
(Figure  l.b).  In  such  networks,  the  transmission's  control  is  distrib- 
uted among  the  terminals. 

★ , 

Measurement  studies  (JACK  69|  conducted  on  time-sharing  systems  indi- 
cate that  data  streams  are  bursty , i.e.,  the  peak  data  rate  is  much 
larger  than  the  average  data  rate;  the  ratio  between  them  may  be  as  high 
as  2000  to  1 [ABRA  7.3]. 
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Mow  can  one  efficiently  provide  access  from  the  users  to  the 
(centralized  or  point-to-point  communication)  terminal  access  network? 


1 . 1 Packet  Switching  over  Radio  Channels 

The  simplest  way  to  provide  communication  between  two  remote 
information  processing  devices  is  to  assign  a dedicated  channel  for 
their  use;  a complete  path*  of  communication  links  is  established 
between  the  two  parties  for  as  long  as  they  wish  to  communicate.  Until 
the  end  of  the  sixties,  this  circuit -switching  method  dominated  the 
design  of  communication  networks.  When  the  switching  (computer)  cost 
dropped  below  the  communication  (bandwidth)  cost  [ROBE  74),  it  was  pos- 
sible to  develop  a cost-effective  communication  means  as  an  alternative 
to  the  widespread,  expensive  circuit-switching  technology1 . ibis  led 
to  the  packet-switching  technology. 


1.1.1  Packet -Switching 

At  the  end  of  the  sixties,  the  store-and-forward  packet- 
switched  technology  emerged.  In  this  technology,  there  is  no  dedication 
of  resources.  A fuller  utilization  of  each  communication  link  is 

obtained  by  resource  sharing. 

★ 

Dial-up  and  leased  telephone  lines  are  available  and  can  provide 
inexpensive  communications  for  short  distances. 

^The  users'  behavior  is  extremely  bursty  [.1ACK  69).  With  the  circuit- 
switching technology,  if  high  speed  point-to-point  channels  are  used, 
the  communication  links  are  idle  most  of  the  time;  if  low  speed  channels 
are  used,  the  transmission  delays  are  large.  An  alternative  is  to  pro- 
vide a single  high  speed  channel  to  the  users  to  be  shared  in  some 
multi-access  method.  With  high  probability,  then,  the  total  demand  at 
any  instant  is  approximately  equal  to  the  sum  of  the  average  demands  of 
all  users  (Law  of  Large  Numbers  [FELL  b8|). 
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The  communication  links  are  not  allocated  into  paths  for 
specific  source-destination  pairs  of  nodes;  instead,  each  link  is  sta- 
tistically shared  by  messages  from  different  source-destination  pairs. 

In  addition,  each  message  can  be  broken  into  packets  of  information  with 
the  addresses  of  the  source  and  destination  attached  to  each  packet. 
Packets  are  individually  routed  through  the  network  to  their  destination 
by  "hopping"  from  one  node  to  another.  The  required  channel  capacity 
is  much  less  than  in  the  unshared  case  of  dedicated  channels.  This  con- 
cept  has  not  only  been  applied  in  distributed  computer-communications 
networks  (ARPANET  [BARA  64],  [KLEI  64])  but  also  in  some  wire  communi- 
cation access  schemes.  These  schemes  include  Asynchronous  Time 
Division  Multiplexing  (ATI)M)  [GUI  69],  loop  systems  [HAYE  71],  [PIER  7 1] 
and  Polling  [MART  72],  [KONH  74]. 

More  recently,  packet  switching  techniques  have  been  applied 
to  radio  communications  (both  satellite  and  ground  radio  channels) 

[KLEI  76] . Packet-switched  random  access  schemes  were  introduced  as  an 
alternative  for  terminal  and  computer  communications.  These  schemes 
include  ALOHA  [ROBE  72,  ABRA  73,  LAM  74,  KLEI  75A]  and  CSMA  [TOBA  74], 

.<  [KLEI  75B]  . One  of  the  first  packet  radio  communication  systems  was 

! 

the  ALOHA  system  developed  at  the  University  of  Hawaii  [ABRA  70], 

[KUO  73].  The  ALOHA  network  originally  applied  packet  radio  techniques 
for  communication  between  a central  computer  and  its  geographically 

\\ 

scattered  terminals.  Terminals  arc  now  minicomputers,  communicating 
among  themselves  through  the  central  computer  and  are  able  to  access 
all  computing  resources  of  the  ARPANET.  The  Advanced  Research  Projects 
Agency  of  the  Department  of  Defense  has  undertaken  a new  effort  whose 


S 


goal  is  to  develop  new  techniques  for  packet  radio  communication  among 
geographically  distributed  (possibly)  mobile  user  terminals  [KAHN  75] . 

A packet  radio  broadcast  network  is  currently  developed  as  an  interface 
between  a point-to-point  wire  network  (like  the  ARPANET)  and  a number 
of  geographically  scattered  terminals.  This  broadcast  system  provides 
local  collection  and  distribution  of  data  over  large  geographical  areas 
[KAHN  75,  KLEI  75B,  BIND  7SC,  IRAN  75  FRAL  75A,  FRAE  75B,  BURC  75]. 
Furthermore,  there  is  currently  an  immense  worldwide  interest  in  the 
development  of  satellite  communications  systems  [PUEN  71,  ABRA  73, 

CROW  73,  KLEI  73,  ROBE  73,  TELE  73,  GRAY  74,  LAM  74,  KLEI  75AJ . 

At  last,  broadcast  packet  switching  may  be  applied  to  wire 
communications.  The  Mitre's  Mitrix  [WILL  73],  the  U.C.  Irvine's 
Distributed  Computing  System  (DCS)  [FARB  73]  and  the  Xerox's  Ethernet 
[METC  76]  are  examples  of  local  computer  networking  experiences. 

Ethernet  is  an  experimental  wire  packet-switched  broadcast  net- 
work for  local  communication  among  computing  stations.  It  uses  tapped 
coaxial  cables  to  carry  variable  length  data  packets  among,  for  example, 
minicomputers,  printing  facilities,  file  storage  devices,  larger  central 
computers  and  longer-haul  communication  equipment. 

The  shared  communication  facility  called  Ether  [METC  76]  is  a 
passive  broadcast  medium  with  no  central  control.  Coordination  of 
access  to  the  Ether  is  distributed  among  the  contending  transmitting 
stations*.  Switching  of  packets  to  their  destinations  on  the  Ether  is 
distributed  among  the  receiving  stations  using  packet  address  recogni- 

* DCS  I FARB  73]  like  Ethernet  uses  distributed  control,  while  Mitrix 
[WILL  *3)  has  a central  station  for  switching  and  bandwidth  allocation. 
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tion.  Ethernet  can  be  extended  by  using  repeaters  for  signal  regener- 
ation. 
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Packet  transmissions  are  coordinated  through  statistical  arbi- 
tration from  the  tranceivers.  Collisions  are  avoided  by  carrier  sen- 
sing (no  station  will  start  transmitting  while  hearing  the  carrier)  and 
by  interference  detection  (interference  occurs  when  two  or  more  stations 
detect  no  carrier  and  start  transmitting  simultaneously).  If  the  trans- 
ceiver notices  a difference  between  the  bit  it  is  receiving  from  the 
Ether  and  the  bit  it  is  transmitting  (Interference),  the  transmission  is 
aborted  and  rescheduled. 

An  operating  Ethernet  of  100  nodes  along  a kilometer  of  coaxial 
cable  has  been  experimented  with.  This  experience  encourages  the  devel- 
opment of  numerous  computer  networking  and  multiprocessing  applications. 

In  this  dissertation,  we  shall  focus  our  attention  on  data 
communication  over  packet-switched  ground*  radio  systems  as  an  alterna- 
tive for  data  transmission  among  terminals  and  computers.  Of  interest 
to  this  research  is  the  consideration  of  a single  high-speed  radio  chan- 
nel shared  in  some  multi -access  scheme,  and  in  a packet-switching  mode. 
The  problem  we  are  faced  with  is  how  to  share  and  how  to  control  access 
to  the  channel  in  a fashion  which  provides  an  acceptable  level  of  per- 
formance. A number  of  multiple  access  schemes  exist  that  we  have 
already  mentioned  above.  Some  of  the  access  schemes  for  wire  communi- 
cations may  also  be  applied  to  a radio  environment  with  various  degrees 
of  success.  However  there  is  a need  for  new  multiple-access  methods. 


1 
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We  exclude  here  the  study  of  satellite  communications  systems. 
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This  will  be  made  clear  by  the  study  in  Section  1.2  of  existing  multiple 
access  schemes. 

For  such  data  communications  among  terminals  and  computers, 
wire  connections  could  have  been  used.  In  the  next  section,  we  present 
the  numerous  advantages  in  using  packet-switched  radio  communications 
over  conventional  wire  communications. 

1.1.2  Advantages  of  Radio  Communications 

One  of  the  most  important  properties  of  radio  communications 
is  the  broadcas t property:  Any  number  of  users  may  access  the  channel 

and  the  transmission  of  a signal  by  a user  may  be  received  over  a geo- 
graphically wide  area  by  any  number  of  receivers.  Consequently,  the 
collection  and  distribution  of  data  over  large  areas  are  independent  of 
the  availability  of  pre-existing  wire  networks.  However  if  two  (or 
more)  signals  at  the  same  carrier  frequency  overlap  in  time,  this  may 
result  in  information  destruction  (interference) . 

In  addition  a broadcast  mode  is  particularly  suitable  when  the 
users  are  mobile  or  are  located  in  remote  regions  where  a wire  connec- 
tion is  not  easy  to  implement. 

The  second  major  advantage  of  broadcast  radio  systems  is 
related  to  design  flexibility.  Provided  that  all  users  are  in  line  of 
sight  and  within  range  of  each  other,  the  provision  of  a completely 
connected  network  topology  by  a radio  channel*  eliminates  complex  topo- 
logical design  and  routing  problems  [l'RAN  72],  [GERL  7.1].  Moreover, 

★ 

due  to  t ho  broadcast  and  multiaccess  properties. 
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the  size  of  the  system  and  the  location  of  the  users  are  easily 
modi fied. 

Security  problems  and  the  need  for  legal  and  regulatory 
procedures  may  present  difficulties  in  the  use  of  broadcast  radio  com- 
munications; we  do  not  consider  those  issues  here. 

1 . 2 Existing  Multiplexing  Techniques 

Here  we  describe  the  main  techniques  which  have  been  imple- 
mented (or  proposed)  for  packet  switching  multiple  access  over  a single 
radio  channel;  in  the  figures  below  we  compare  their  delay-throughput 
profiles.  These  multiplexing  techniques  are  Time  Division  Multiple 
Access  (TDMA) , Frequency  Division  Multiple  Access  (FDMA) , Polling, 

ALOHA  random  access  (pure  and  slotted).  Carrier  Sense  Multiple  Access 
(CSMA) , and  finally  a reservation  technique  referred  to  as  Carrier 
Sense  Split  Reservation  Multiple  Access  (CS  SRMA) . 

For  the  purpose  of  this  simple  comparative  study,  we  consider 
a population  of  N statistically  identical  users  communicating  with  a 
"master"  user  (e.g.,  a central  station)  over  a radio  channel  of  limited 
bandwidth  W (bits/sec).  Each  user  is  assumed  to  generate  fixed  size 
packets  according  to  a Poisson  point  process  with  intensity  X/N;  we 
assume  that  the  full  packet  is  instantaneously  generated  at  those  points. 
The  radio  channel  is  characterized  as  a wideband  channel  with  a propa- 
gation delay  between  any  source-destination  pair  which  is  very  small 
compared  to  the  packet  transmission  time*.  Each  technique  is 

On  the  contrary,  when  one  considers  satellite  channels  [LAM  74],  the 
propagation  delay  is  a relatively  large  multiple  of  the  packet  trans- 
mission time. 
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characterized  by  its  maximum  achievable  throughput  (also  referred  to  as 
the  channel  capacity),  where  the  throughput  S is  defined  as  the 
average  number  of  packets  transmitted  during  a period  of  time  equal  to 
a packet  transmission  time  T (T  = b^/W  if  b^  is  the  number  of  bits  per 
packet) ; under  equilibrium,  S is  equal  to  the  average  input  rate  nor- 
malized with  respect  to  T : S = XT.  The  main  performance  measure  we 

consider  in  our  comparative  study  is  the  average  normalized  packet  delay 
D versus  the  throughput  S,  where  the  normalization  is  with  respect  to  T. 

1.2.1  Fixed  Assignment:  FDMA,  TDMA 

In  FDMA,  each  user  is  assigned  a fraction  W/N  of  the  channel, 
along  with  buffering  capabilities  required  to  handle  the  statistical 
fluctuations  due  to  the  random  packet  arrival  instants.  The  system  can 
be  modelled  by  M/D/1  queues  in  which  the  service  time  is  the  constant 
transmission  time  of  a packet  on  one  of  the  channels.  We  then  have  by 
the  Pollaczek-Khinchin  formula  [KLFI  75CJ 

d*4  * 2ir^~s)]  (*•') 

In  Time  Division  Multiple  Access  (TDMA) , also  called  Synchro- 
rous  Time  Division  Multiplexing  (STDM) , each  user  is  assigned  a periodic 
sequence  of  time  slots  on  the  channel.  The  channel  slots  are  usually 
switched  to  users  in  a round-robin  (i.e.,  cyclic)  fashion.  The  system 
can  be  modelled  by  M/D/1  queues  with  a rest  period  (see  Appendix  A),  in 
which  the  service  time  is  equal  to  N slots  (N  slot  times  are  required 
to  "serve"  a packet  generated  at  a given  user;  1 slot  is  the  actual 
transmission  time  of  the  packets  and  (N  - 1)  slots  are  assigned  to  the 
other  (N  - 1)  users).  The  rest  period  is  equal  to  N slots.  Wc  then 
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have  (see  Appendix  A) : 


D = 1 + N 


- 

S 

2(1  - S)  + 


(1.2) 


Note  that  the  average  delay  with  FDMA  is  higher  than  the  average  delay 

N 

with  TDMA,  the  difference  being  y - 1;  with  TDMA,  the  slotting  effect 
N 

counts  for  y , but  in  FDMA  the  transmission  time  of  a packet  is  N,  while 
it  is  only  1 with  TDMA. 

Both  FDMA  and  TDMA  are  inefficient  in  channel  utilization  since 
the  bandwidth  or  time  slots  are  allocated  to  each  user  independently  of 
his  activity;  it  is  inefficient  to  permanently  assign  a segment  of  band- 
width that  is  utilized  only  a portion  of  the  time.  For  a population  of 
users  whose  requests  for  the  channel  are  very  infrequent  (i.e.,  bursty 
users),  the  probability  is  not  negligible  that  a large  portion  of  the 
channel  bandwidth  (FDMA)  or  channel  time  (TDMA)  is  unused  (infrequent 
requests)  and  thus  wasted  for  the  requests  waiting  at  other  terminals. 
The  latter  incur  a higher  delay  than  they  would  incur  if  they  had  access 
to  the  wasted  part  of  the  channel.  Indeed,  the  channel  assignment  is 
based  on  an  average  request  rate  (much  lower  than  the  peak  request  if 
these  requests  are  highly  infrequent). 

A number  of  disadvantages  of  FDMA  exist  when  compared  with 
TDMA:  wasted  bandwidth  for  adequate  frequency  separation,  lack  of 

flexibility  in  achieving  dynamic  allocation  of  bandwidth,  and  lack  of 
broadcast  operation.  The  major  disadvantage  in  TDMA  is  the  need  to 
provide  rapid  burst  synchronization  and  sufficient  burst  separation  to 
avoid  time  overlap. 
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In  Figures  1.2  and  1.3  we  plot  the  average  normalized  delay  in 
TDMA  versus  the  throughput  for  two  values  of  the  number  of  users,  namely 
N = 10  and  N = 50,  respectively. 

In  order  to  increase  the  channel  utilization  beyond  FDMA  and 
TDMA,  statistical  multiplexing  or  Asynchronous  Time  Division  Multiple 
Access  (ATDM)  has  been  proposed  [Cl  1U  69];  this  is  simply  a single  M/D/1 
queue  (possibly  with  burst  arrivals).  Basically  this  technique  consists 
of  switching  the  allocation  of  the  channel  from  one  user  to  another 
whenever  the  former  is  idle  and  the  latter  is  ready  to  transmit.  ATDM 
is  suitable  in  wired  terminal-access  networks  when  the  terminals  are 
concentrated  and  gives  very  small  expected  delays.  It  is  less  attrac- 
tive when  radio  communication  is  employed  since  the  connections  between 
the  terminals  and  the  multiplexor  then  require  some  synchronous  tech- 
niques such  as  FDMA  or  TDMA  and  the  performance  of  the  system  will  be 
limited  by  the  performance  of  those  synchronous  techniques.  Moreover, 
it  is  inadequate  in  situations  where  the  terminals  are  geographically 
scattered  and  want  to  access  each  other  (point-to-point  networks). 

1.2.2  Pol  ling 

In  the  polling  technique  known  as  Roll-Call  Polling  [MART  70], 
a central  station  asks  (polls)  the  N users  one  by  one  in  sequence* 
whether  they  have  anything  to  transmit.  If  the  user  has  some  packets 
to  transmit,  he  goes  ahead;  if  not,  a negative  reply  (or  absence  of 
reply)  is  received  and  the  next  user  is  polled.  Packets  generated  at 
a user  are  queued  in  his  buffer  (in  a first- come- fi vst-served  basis) 

♦ 

The  central  station  broadcasts  a polling  message  containing  the  iden- 
tification of  the  user. 
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until  the  user  is  polled,  at  which  time  the  buffer  is  completely  emptied 
(the  user  captures  the  channel  until  he  has  no  packet  to  transmit).*  The 
time  axis  is  divided  into  slots  of  equal  size  and  equal  to  the  maximum 
one-way  propagation  delay  t from  the  users  to  the  station,  t consti- 
tutes only  a very  small  fraction  (a  « 1)  of  the  transmission  time  of 
a packet  T.  Konheim  and  Meister  [KOHN  74]  analyzed  this  polling  tech- 
nique, deriving  stationary  distributions  for  queue  lengths  and  waiting 
times.  In  an  application  of  their  results  to  packet  radio,  Tobagi 
[TOBA  76A]  showed  that  the  expected  packet  delay  (normalized  with 
respect  to  the  packet  transmission  time  T)  is  given  by 


D = 1 + 


2(1 


S + a 
~^T+  2 


(>-!)( 


1 + 


Nr 


1 - S, 


(1.3) 


where  a = t/T  (<<  1)  and  r = 2 + T^/t 

= transmission  time  of  a polling  message. 

In  Figures  1.2  and  1.3,  the  expected  delay  is  plotted  versus 

the  throughput  for  N = 10  and  N = 50  respectively.  Eq.  (1.3)  shows  that 

the  delay  is  the  sum  of  the  Pollaczek-Khinchin  terms  (for  M/D/1)  [KLEI 

75C]  plus  an  additional  term  due  to  the  polling  time.  When  N is  not  too 

small  (N  _>  10),  the  average  polling  time  is  approximately  proportional 

to  Nra  for  a given  throughput.  With  polling,  a throughput  of  1 is 

achievable  (with  infinite  delays).  Indeed,  when  the  traffic  is  very 

high  each  user  captures  the  channel  for  long  periods,  and  therefore 

transmits  packets  at  the  rate  of  1 packet/packet  transmission  time.  It 

is  also  noteworthy  that  even  for  small  values  of  N (N  as  20) , the 
* 

"Hub  Go  Ahead"  Polling  is  an  alternative  to  Roll  Call  Polling  which  is 
advantageous  on  long  lines  communications  [MART  70]  but  is  not  readily 
applicable  to  our  radio  system  and  will  not  be  considered  throughout 
the  dissertation. 
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expected  queue  length  is  less  than  1 packet/user  for  most  values  of 
throughput  (S  < .95)  [TOBA  74]. 

1.2.3  ALOHA  Random  Access  Techniques 

The  ALOHA  system  [ABRA  70,  KUO  73]  is  operational  and  appears 
to  have  been  the  first  computer-communication  system  to  employ  wireless 
connections.  Each  user  transmits  packets  to  the  central  computer  over 
the  same  high-speed  data  channel  in  a completely  unsynchronized  manner. 
Errors  are  due  to  two  major  causes:  (1)  random  noise  on  the  channel, 

and  (2)  interference  at  the  receiver  with  packets  transmitted  by  other 
terminals.  If,  and  only  if,  a packet  is  received  without  error  is  it 
acknowledged  by  the  central  station.  After  transmitting  a packet,  the 
terminal  waits  a given  amount  of  time  for  an  acknowledgement;  if  none  is 
received,  the  packet  is  retransmitted.  This  process  is  repeated  until 
successful  transmission  and  acknowledgement  occur,  or  until  the  process 
is  terminated  by  the  terminal.  This  random-access  packet  switching 
technique  is  referred  to  as  pure  ALOHA.  In  this  mode,  interference  due 
to  overlapping  packets  definitely  prevents  a channel  utilization  of 
100%.  (Whenever  a portion  of  one  user's  transmission  overlaps  another 
user's  transmission,  the  two  collide  and  "destroy"  each  other.)  For  a 
fixed  packet  size,  the  channel  capacity  was  calculated  to  be  l/2e  = 18% 
[ABRA  70].  Roberts  [ROBE  72]  suggested  modification  of  the  completely 
unsynchronized  use  of  the  channel  by  slotting  time  into  segments  whose 
duration  is  equal  to  the  transmission  time  T of  a single  packet.  If  we 
require  each  user  to  start  his  packet's  transmission  only  at  the  begin- 
ning of  a slot,  then  when  two  packets  conflict,  they  overlap  completely 
rather  than  partially.  This  provides  an  increase  in  channel  efficiency, 


< 
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and  the  channel  capacity  is  1/e  3 36%.  This  technique  is  referred  to 
as  slotted  ALOHA.  Those  random  access  modes  assume  a large  number  N of 
users  who  generate  packets  infrequently  and  each  packet  is  assumed  to 
be  successfully  transmitted  in  a time  interval  much  less  than  the  aver- 
age time  between  successive  packet  generations  at  a given  user*.  Thus, 
for  performance  analysis  purposes,  the  large  population  of  users  is 
approximated  by  an  infinite  population,  each  user  of  which  has  at  most 
one  packet  requiring  transmission  at  any  time  (including  any  previously 
blocked  packet,  i.e.,  any  packet  which  previously  "collided”  and  which 
is  in  the  process  of  being  retransmitted) . The  traffic  offered  to  the 
channel  from  the  population  of  users  consists  of  newly  generated  packets 
and  previously  collided  packets,  with  a mean  offered  traffic  rate 
denoted  by  G (_>  S,  the  mean  input  rate).  Abramson  [ABRA  70]  first 
showed  for  pure  ALOHA  that 

S = Ge'2G  (1.4) 

Thus  in  pure  ALOHA,  a maximum  throughput  is  achieved  at  G = 1/2  and 
equal  to  l/2e  = .184. 

Roberts  [ROBE  72]  extended  Abramson's  result  for  slotted  ALOHA. 
The  throughput  equation  becomes: 

S = Ge'G  (1.5) 

The  maximum  throughput  is  increased  by  a factor  of  two  to  1/e  = .368 
(at  G = 1).  From  these  results,  it  is  all  too  evident  that  a signifi- 
cant fraction  of  the  channel's  ultimate  capacity  (C  = 1)  is  not 

— 

This  will  be  assumed  to  be  true  when  the  number  of  users  is  not  too 
small,  say  N > 20  (with  Polling,  when  N = 10,  the  expected  queue  length 
is  greater  than  1 only  if  the  throughput  S is  greater  than  .9). 
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utilized  with  the  ALOHA  access  modes*.  Slotted  ALOHA  has  been  analyzed 
by  LAM  [LAM  74].  Neglecting  the  propagation  delay  and  letting  the  maxi- 
mum retransmission  delay  be  an  integer  number  K of  slots,  the  expected 
normalized  delay  is  then  given  by  [LAM  74] 


D = 1 + 


E(K  * 1) 


(1.6) 


where 


i - qr 


E = 


% = 


-G/K  G -C]K  -S 
J + K 6 J 6 


-G/K  -G 


i - e 


-G/K  G -G 
e * ^e 


,K-1  _s 


S = G 


+ 1 - q 
^t  nn 


For  each  value  of  S,  an  optimum  value  of  K can  be  selected  so  as  to 
achieve  minimum  delay.  In  Figure  1.3  (N  = 50),  the  lower  envelope  of 
all  constant-K  delay  curves  is  plotted  versus  the  throughput.  From 
this  figure  it  is  clear  that  for  light  traffic,  slotted  ALOHA  provides 
delays  far  better  than  those  obtained  with  TOMA  (or  FDMA)^. 

As  discussed  earlier  (Section  1.2.1),  FOMA  and  TDMA  are 


★ 

The  ALOHA  random  access  with  FM  capture  (FM  capture  occurs  if,  when  two 
signals  collide,  the  most  powerful  is  received  correctly)  may  result  in 
a channel  capacity  larger  than  1/e  [ROBE  72]. 
f 

We  did  not  compare  the  slotted  ALOHA  performance  to  that  obtained  with 
TDMA  and  Polling,  for  N = 10,  since  the  ALOHA  performance  predicted  by 
the  infinite  population  model  is  not  accurate  enough  for  such  a value 
of  N.  Indeed  this  model  assumes  that  the  expected  time  to  successfully 
transmit  a packet  is  less  than  the  average  time  between  successive 
packet  generations  at  a given  user.  This  may  not  be  true  for  N = 10; 
for  a small  number  of  users  (N  < 20)  buffering  capabilities  are  needed. 
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inefficient  in  channel  utilization,  and  the  motivation  behind  the 
interest  in  ns  inn  random  access  ALOHA  modes  (despite  their  low  channel 
capacity)  over  TOMA  and  IDMA  was  to  provide  a single  high-speed  data 
rate  channel  to  be  shared  by  all  users.  Because  of  the  bursty  nature 
of  the  traffic,  providing  the  entire  bandwidth  (scarce  communication 
resource)  to  be  shared  by  all  users  is  shown  (see  [ KLE I 76])  to  be  far 
superior  to  FDMA  or  TDN1A. 

When  we  are  in  the  presence  of  bursty  users,  slotted  ALOHA  can 
support  many  more  users  than  FDMA  or  TDMA  at  the  same  packet  delay;  in 
order  to  support  a large  number  of  users  FDMA  and  TDMA  require  a larger 
bandwidth  for  the  same  delay  performance.  This  motivated  further  con- 
sideration of  new  protocols  (CSMA,  CS  SRMA)  for  which  the  maximum 
throughput  is  higher  than  under  ALOHA  access  modes. 

Before  we  consider  CSMA  and  CS  SRMA,  we  note  an  important 
characteristic  of  all  random  access  modes:  After  some  finite  time 

period  of  quasi-stationary  conditions,  the  channel  will  drift  into 
saturation  with  probability  one,  i.e.,  the  throughput  will  go  to  zero, 
while  the  channel  load  will  increase  without  any  bound.  A theory  has 
been  proposed  [KLFI  75A|  which  characterizes  the  instability  phenomenon 
by  defining  stable  and  unstable  channels  and  control  policies  for 
unstable  channels  have  been  proposed  and  analyzed.  In  stable  channels, 
the  throughput-delay  results  obtained  under  the  channel  equilibrium 
assumption  are  achievable  over  an  infinite  time  horizon,  while  in 
unstable  channels  such  channel  performance  is  achievable  only  for  some 
finite  time  period  before  the  channel  goes  to  saturation.  By  applying 
dynamic  channel  control  policies,  a channel  throughput -del ay  performance 
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close  to  the  optimum  performance  envelope  is  achievable  over  an  infinite 
time  horizon  for  originally  unstable  channels. 

1.2.4  Carrier  Sense  Multiple  Access  Mode  (CSMAj 

The  radio  channel  is  considered  as  a wide  band  channel  with  a 
propagation  delay  between  any  source-destination  pair  which  is  very 
small  compared  to  the  packet  transmission  time.  Ibis  suggests  a new 
approach  for  using  the  channel,  namely  the  Carrier  Sense  Multiple  Access 
mode*.  In  this  scheme,  one  attempts  to  avoid  collisions  before  trans- 
mitting by  listening  to  the  carrier  due  to  another  user's  transmission . 
Based  on  this  information  about  the  state  of  the  channel,  one  may  think 
of  various  actions  the  user  may  take.  Kleinrock  and  Tobagi  introduced 
and  analyzed  three  protocols  [KLEI  75B ] which  differ  by  the  action  that 
a terminal  takes  after  sensing  the  channel.  In  all  cases,  when  a user 
determines  (by  the  absence  of  a positive  acknowledgement)  that  his 
transmission  was  unsuccessful,  he  then  reschedules  the  transmission  of 
his  packet  according  to  a randomly  distributed  retransmission  delay. 

The  three  protocols  are  referred  to  as  1-persistent , p-persistent  and 
non-persistent  CSMA.  As  an  example  we  consider  below  the  Non-Persistent 
CMS A protocol . 

• If  the  channel  is  sensed  idle,  the  user  transmits  its  packet. 

• If  the  channel  is  sensed  busy,  the  user  schedules  the  transmis- 
sion of  the  packet  at  some  later  time,  at  which  point  in  time, 
it  senses  the  channel  and  repeats  the  algorithm  described. 

Sensing  the  carrier  prior  to  transmission  is  a well-known  concept  in 
use  for  (voice)  aircraft  communication.  In  the  context  of  packet  radio 
channels,  it  was  originally  suggested  by  L).  Wax  of  The  University  of 
Hawaii  in  an  internal  memorandum  dated  March  4,  1971. 
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A slotted  version  can  be  considered  by  slotting  the  time  axis;  the  slot 


size  is  t (the  maximum  propagation  time).  All  users  are  synchronized 
and  are  forced  to  start  transmission  only  at  the  beginning  of  a slot. 
When  a packet's  generation  occurs  during  a slot,  the  user  senses  the 
channel  at  the  beginning  of  the  next  slot  and  operates  according  to  the 
protocol  described  above.  Slotted  non-persistent  CSMA  protocol  provides 
the  best  performance  among  all  CSMA  protocols;  this  is  the  one  we  will 
consider  and  refer  to  throughout  the  dissertation. 

The  performance  of  CSMA  modes  is  highly  dependent  on  the  sens- 
ing ability  of  each  user;  unfortunately  many  situations  exist  in  which 
some  users  are  "hidden"  from  others,  either  because  they  are  out-of- 
sight or  out  of  range* 

Using  the  same  infinite  population  model  as  that  used  with  the 
ALOHA  modes ^ , Kleinrock  and  Tobagi  [KLEI  75B]  derived  the  throughput 
equations  for  all  CSMA  protocols.  The  equations  for  the  throughput  S 
are  expressed  in  terms  of  a (the  ratio  of  maximum  propagation  time  to 
packet  transmission  time)  and  C (the  offered  traffic  rate:  G ^ S) . For 
slotted  non-persistent  CSMA,  S is  given  by 

r -aG 

P aGe 

S « — 

(1  + a)  ( 1 - e ) + a 


To  eliminate  the  hidden  terminal  problem,  a natural  extension  of  CSMA 
has  been  proposed  and  analyzed  [TOBA  75],  namely  the  Busy  Tone  Multiple 
Access  mode  (BTMA),  which  performs  almost  as  well  as  CSMA  without  hidden 
terminals . 

^In  this  model,  the  traffic  source  consists  of  a very  large  population 
of  bursty  users  who  collectively  can  be  approximated  by  an  infinite 
population,  each  user  of  which  has  at  most  one  packet  requiring  trans- 
mission at  any  time.  The  traffic  offered  to  the  channel  consists  of 
newly  generated  and  previously  collided  packets. 


21 


I 


I 


. 


i 


1 


The  channel  capacity  C is  obtained  by  maximizing  S with  respect  to  G. 

Slotted  non-persistent  CSMA  provides  the  largest  capacity;  for  example, 
when  a = .01,  then  C = .857.  We  note  that  most  of  the  channel  capacity 
which  was  unavailable  with  ALOHA  is  recovered  with  CSMA.  However,  when 

* 

x is  very  large  (a  > .3),  slotted  ALOHA  is  superior  to  any  CSMA  mode 
[KLEI  75B] . 

The  CSMA  modes,  as  with  all  random  multi-access  broadcast 
channels,  are  characterized  by  the  fact  that  after  some  finite  time  of 
quasi-stationary  conditions,  the  channel  will  drift  into  saturation. 

The  stability  theory  introduced  in  the  study  of  ALOHA  [LAM  74]  has  been 
extended  by  Tobagi  [TOBA  76B]  for  CSMA  modes.  The  interesting  result 
is  that  whatever  the  number  N of  users  may  be,  one  can  always  find  an 
optimal  value  of  the  average  retransmission  time  (drawn  from  a geometric 
distribution)  so  that  the  channel  is  stable  (i.e.,  the  throughput -del ay 
results  obtained  under  the  channel  equilibrium  assumption  are  achievable 
over  an  infinite  time  horizon).  The  model  considered  for  this  study 
assumes  a finite  population  of  N users,  among  which  n are  blocked  (i.e., 
in  the  process  of  transmitting  a packet)  and  (N  - n)  are  thinking* 

(generating  packets  at  a global  rate  of  (N  - n)a) . it  is  shown  that  up 
to  N = 1000,  the  del ay -throughput  performance  obtained  (a  stable  channel) 
is  better  than  that  predicted  by  the  infinite  population  model  (an 
unstable  channel).  For  larger  values  of  N,  in  order  to  get  a stable 
channel,  a delay  degradation  is  observed  due  to  the  large  increase  in 
retransmission  delay. 


The  average  thinking  time  is  denoted  by  l/o. 
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I n Figure  1.3,  slotted  non-persistent  CSMA  performance  (stable 
channel  for  N = 50  users)  is  compared  to  TDMA,  Polling  and  ALOHA.  When 
the  traffic  load  is  not  too  heavy  (S  < .8),  CSMA  performs  much  better 
than  Polling;  the  situation  reverses  beyond  S =0.8. 

For  N = 10  users,  the  CSMA  model  (no  buffering  capabilities: 
each  user  has  at  most  one  packet  requiring  transmission  at  any  time)  is 
not  accurate  enough  to  allow  us  to  compare  the  performance  predicted  by 
this  model  to  TOMA  and  Polling. 

Tobagi  and  Kleinrock  [TOBA  76C]  modified  the  slotted  non- 
persistent  CSMA  model  by  considering  a (small)  number  of  buffered  ter- 
minals and  a geometric  retransmission  time  after  collision  (a  terminal 
which  has  a non-empty  queue  will  avoid  repeated  conflicts  by  trans- 
mitting the  packet  at  the  head  of  the  queue  in  the  next  slot  with 
probability  p) . Simulation  results  [TOBA  76C]  show  that  the  throughput- 
delay  performance  deteriorates  as  the  number  of  terminals  N increases; 
with  N = 5,  the  simulation  shows  that  we  already  reach  the  "infinite 
population  of  unbuffered  terminals"  performance. 

Therefore  in  Figure  1.2  (N  = 10),  we  plot  the  delay- throughput 
performance  as  predicted  by  this  infinite  population  model,  as  an 
approximation  of  the  performance  obtained  by  N = 10  buffered  users  com- 
municating over  the  radio  channel  under  the  slotted  non-persistent  CSMA 
protocol.  From  Figure  1.2,  it  is  clear  that  Polling  performs  better 

than  CSMA  for  a small  number  of  users  (N  10). 

% 

1.2.5  Reservation  Techniques 

Several  reservations  schemes  based  on  the  slotted  ALOHA  random 
access  mode  have  been  proposed  for  satellite  packet-switching  systems 
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[BIND  72,  CROW  73,  ROBE  73 J . A hybrid  technique  has  been  proposed  for 
satellite  packet-switching  systems  which  combines  a reservation  tech- 
nique with  a dynamic  allocation  of  the  channel  [BIND  75B],  In  packet 
radio  environments,  characterized  by  short  propagation  delays,  a pos- 
sible implementation  of  the  reservations  techniques  is  performed  by 
dividing  the  available  bandwidth  into  two  channels:  one  used  to  trans- 

mit requests  for  reservations,  the  second  one  used  for  the  (information) 
packet  traffic  itself.  This  gives  rise  to  the  Split-Channel  Reservation 
Multiple  Access  (SRMA)  modes  [TOBA  76A] . In  SRMA,  the  user  makes  a 
request  on  the  channel  whenever  he  has  a packet  to  transmit.  When  a 
request  is  received,  the  station  schedules  the  allocation  of  the  channel 
to  the  user  placing  the  request.  Random  multiple  access  modes  (ALOHA  or 
CSMA)  are  chosen  as  the  method  of  multiplexing  the  requests  on  the  chan- 
nel. We  will  consider  below  only  the  case  where  requests  compete  in  a 
CSMA  mode,  referred  to  as  Carrier  Sense  SRMA  (CS  SRMA) , since  this 
latter  mode  gives  the  best  performance.  In  CS  SRMA,  the  bandwidth  is 
divided  into  three  sub-channels: 

• the  request  channel 

• the  answer-to- request  channel 

• the  (information)  packet  channel. 

The  request  channel  is  operated  as  in  CSMA.  At  the  correct  reception 
of  the  request,  the  station  computes  the  time  at  which  the  information 
packet  channel  will  be  available  and  transmits  back  to  the  terminal,  on 
the  answer- to- request  channel,  the  time  at  which  it  can  start  transmis- 
sion. Given  the  ratios  p = b /b  and  n = b /b  where  b , b and  b 

r r m a a m m r a 

are  the  number  of  bits  respectively  in  a (message)  packet,  a request 
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and  an  answer- to- request,  the  optimal  splitting  of  the  channel  into 

three  parts  is  computed  so  as  to  maximize  the  bandwidth  utilization  and 

to  minimize  the  delay  (for  a given  load)  [TOBA  76A) . When  n and  n 

r 3 

are  small  (in  Figure  1.3,  we  choose  a = .01  and  n = n = n = .01),  the 

r 3 

channel  capacity  in  CS  SRMA  is  found  to  be  very  close  to  1 (C  = .95 
for  n = . 01) . 

CS  SRMA  provides  a significant  improvement  over  CSMA,  not  only 
in  terms  of  maximum  achievable  throughput,  but  also  in  terms  of  delay 
for  a given  throughput.  We  plot  in  Figure  1.3  the  performance  predicted 
by  the  analysis  [TOBA  76A]  assuming  a large  population  of  users  (infi- 
nite population,  unstable  channel).  This  should  be  an  upper  bound  on 
the  performance  when  N = 50*.  CS  SRMA  performance  has  not  been  plotted 
in  Fig.  1.2  since  the  model  that  predicted  this  performance  is  not  sui- 
table for  a small  number  of  buffered  users. 

In  comparing  CS  SRMA  to  Polling,  we  note  from  Figure  1.3  that 
when  N is  large  and  when  the  throughput  is  not  too  close  to  1 (e.g., 

S . 88  with  N = 50),  CS  SRMA  exceeds  the  performance  of  Polling  because 
of  the  overhead  due  to  control  information  in  Polling.  (From  Eq.  (1.3) 
we  know  that  the  average  polling  time  is  proportional  to  Nra.) 
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1. 3 Summary  of  Results 

Random  access  techniques  (such  as  ALOHA,  CSMA  or  CS  SRMA)  have 


The  upper  bound  will  hold  if  the  stable  channel  model  defined  for  CSMA 
[TOBA  76B]  also  holds  for  CS  SRMA.  However  for  larger  values  of  N,  it 
is  possible  that  we  get  higher  delays  than  those  predicted  by  the  infi- 
nite population  model.  Indeed,  with  increasing  values  of  N,  the  operat- 
ing value  of  the  retransmission  (after  collision)  time  K,  which  renders 
the  channel  stable,  must  be  increased.  This  leads  to  significantly 
increasing  delays. 
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previously  been  analyzed  with  the  assumption  of  an  infinite  population 
of  unbuffered  terminals.  In  the  presence  of  a large  (but  finite)  number 
of  users,  this  model  is  accurate  in  the  sense  that  the  assumption  upon 
which  it  is  based  is  realistic.  This  assumption  is  that  the  inter- 
generation  time  between  requests  is  long  enough  so  that  there  is  no  need 
for  buffering  capabilities. 

However,  when  we  have  a population  composed  of  a very  small 
number  (N  10)  of  users,  it  is  necessary  to  provide  those  users  with 
buffering  capabilities.  The  random- access  modes  discussed  above  may 
then  not  be  suitable  for  such  an  environment,  since  they  assume  that  a 
user  cannot  generate  a packet  while  he  is  in  the  process  of  transmitting 
a previously  generated  packet*. 

Among  those  models  discussed  in  the  previous  section  which 
account  for  buffering  (i.e.,  TDMA,  FDMA  and  Polling),  we  see  that  Pol- 
ling uses  the  channel  efficiently  and  gives  the  best  delay.  However 
the  main  disadvantage  of  Polling  is  the  requirement  of  a "master"  user 
(central  station)  which  controls  the  access  to  the  channel.  This  con- 
trol is  not  desirable  for  reliability  and  security  reasons;  in  point- 
to-point  communication;  and  in  mobile  environments  (possible  reassign- 
ment  of  the  master  user).  In  addition,  when  N increases,  the  polling 
time  increases,  which  leads  to  delays  worse  than  those  to  be  expected 
with  random  access  techniques  when  the  throughput  is  not  too  close  to  1. 


We  already  mentioned  that  the  performance  of  a small  number  of  buffered 
users  communicating  over  the  radio  channel  under  CSMA  (as  well  as  under 
ALOHA)  has  been  simulated  [TOBA  76C] . However  neither  an  exact  solution 
nor  a good  analytic  approximation  has  yet  been  found  that  could  give  a 
good  prediction  of  this  system's  performance. 
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Consequently,  our  first  goal  is  two-fold: 

(l.a)  For  a population  composed  of  a small  number  of  users  requiring 
buffering  capabilities,  we  wish  to  introduce  and  analyze  mul- 
tiple access  modes  over  a single  radio  channel  which  do  not 
require  control  from  a central  station.  Our  approach  is  to 
introduce  a new  class  of  access  modes  which,  in  all  but  one 
case,  are  conflict  free;  in  particular,  we  do  not  treat  the 
conflict-prone  systems  (ALOHA  and  CSMA) . 

(l.b)  For  a population  of  a larger  number  of  buffered  users,  we  shall 
introduce  and  analyze  new  multiple  access  modes  over  a single 
radio  channel  which  do  not  require  control  from  a central 
station,  and  the  performance  of  which  is  comparable  to  that 
obtained  with  random  access  techniques  like  CSMA. 

In  the  previous  section,  we  discussed  the  advantage  of  random 
access  modes  over  fixed  assignment  schemes  (TDMA,  FOMA).  Although 
slotted  ALOHA  only  provides  a maximal  throughput  of  1/e,  it  has  the 
following  advantages  over  CSMA: 

• Implementation  is  simple. 

• ALOHA  does  not  require  that  all  users  be  in  line- 
of-sight  and  within  range  of  each  other.  This  is 
an  important  consideration. 

When  we  are  in  the  presence  of  a large  number  of  small  users  (terminals) 
which  do  not  "hear"  each  other,  slotted  ALOHA  provides  excellent  delays 
and  an  efficient  channel  utilization  at  low  traffic;  however,  we  are 
dismayed  that  the  maximal  achievable  throughput  is  only  1/e. 
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Therefore,  the  second  goal  of  the  dissertation  is 


(2)  In  order  to  increase  the  channel  capacity,  we  shall  analyze 
the  case  where  we  include  traffic  from  a large  user  (e.g.,  a 
computer)  as  well  as  traffic  from  a large  population  of  small 
users  (e.g.,  terminals  communicating  with  the  computer)  over  a 
single  channel. 

In  Chapter  2,  we  develop  a general  channel  configuration  model. 
The  simplifying  assumptions  are  specified,  the  traffic  model  is  char- 
acterized and  operational  features  are  presented. 

As  a response  to  our  first  objective  (Goal  ( 1 . a) ) , we  introduce, 
analyze  and  compare  new  access  modes  in  Chapter  3,  which  use  the  channel 
much  more  efficiently  than  TDMA,  The  del  ay -through put  performance  of 
these  new  schemes  is  slightly  larger  than  that  obtained  with  Polling 
(see  Figure  1.4).  At  light  traffic,  CSMA  provides  slightly  shorter 
delays  than  the  new  schemes.  Under  heavy  traffic  conditions,  the  new 
schemes  perform  better  than  CSMA  (see  Figure  1.4).  As  in  CSMA,  we  use 
the  ability  of  each  user  to  detect  the  presence  or  the  absence  of  the 
carrier  t seconds  after  the  beginning  of  the  transmission,  where  x is 
the  maximum  propagation  time  between  any  source-destination  pair. 

In  these  new  modes,  the  time  axis  is  slotted.  Each  slot  is 
assigned  to  a user  to  transmit  a packet,  and  contains  an  overhead, 
during  which  the  other  users  will  be  able  to  "sense"  the  carrier.  If 
the  carrier  is  not  detected,  another  user  will  transmit  a packet  over 
this  slot.  Therefore  by  carrier-sensing,  we  avoid  as  much  as  possible, 
wasted  channel  time,  and  thus  we  use  the  channel  much  more  efficiently 
than  with  TDMA. 
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However,  when  the  number  of  users  N increases,  so  does  the 
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overhead  in  each  slot;  therefore  we  observe  a performance  degradation 
with  increasing  N.  Chapter  4 describes  modifications  to  the  access 
schemes  introduced  in  Chapter  3 in  order  to  reduce  this  performance 
degradation.  The  del  ay- throughput  performance  improvement  is  signifi- 
cant, but  still  does  not  achieve  our  second  objective  (Goal  l.b). 

In  Chapter  5,  we  introduce  and  analyze  a multiple-access  mode, 
also  based  on  the  carrier  sense  capability  of  each  user  and  which  also 
does  not  require  control  from  a central  station.  In  this  scheme  the 
time  axis  is  slotted  with  a slot  size  equal  to  the  maximum  propagation 
time  t.  As  in  Chapter  3,  we  use  the  channel  efficiently  by  carrier- 
sensing. However,  we  do  not  waste  (as  we  did  in  Chapter  3)  a certain 
amount  of  channel  time  (overhead)  at  each  packet  transmission;  on  the 
contrary,  we  minimize  the  channel  time  lost  for  packet  transmission. 
Under  heavy  traffic  conditions,  this  new  technique  (which  also  allows 
buffering  capabilities)  performs  better  than  CSMA  for  all  numbers  of 
users.  Under  light  traffic  conditions,  the  larger  is  the  number  of 
users,  the  better  is  the  performance  of  CSMA  as  compared  to  the  perfor- 
mance of  this  new  mode.  However,  for  all  numbers  of  users,  this  new 
scheme  performs  better  than  Polling  (see  Figure  1.5). 

Chapter  6 satisfies  our  third  objective  (Goal  2).  We  present, 
analyze  and  compare  two  techniques  in  which  we  include  the  traffic  of 
a large  user  as  well  as  the  traffic  of  a population  of  small  users  over 
a single  channel.  The  large  buffered  user  "steals,"  by  carrier 
sensing,  slots  which  remain  unused  by  the  background  of  small  users. 

Two  models  are  studied  which  differ  with  respect  to  the  nature  of  the 
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population  of  small  users.  The  first  assumes  an  infinite  population  of 
small  users  who  share  the  channel  in  a slotted  ALOHA  fashion.  By 
including  the  traffic  of  the  large  user,  as  well  as  the  traffic  of  the 
background  of  small  users,  we  significantly  increase  the  total  channel 
throughput.  In  Figure  1.6,  we  plot  the  latter  versus  the  small  users 
offered  traffic  (composed  of  newly  generated  and  previously  collided 
packets) . 

In  the  second  model,  we  consider  a finite  population  of  small 
buffered  users  which  hear  each  other  and  who  share  the  channel  according 
to  any  of  the  new  schemes  studied  in  Chapter  3.  Here  also,  if  we  are 
in  the  presence  of  bursty  users,  we  observe  a significant  increase  in 
the  total  channel  throughput. 

Chapter  7 contains  some  concluding  remarks,  as  well  as  sug- 
gestions for  future  research. 

In  summary,  the  two  major  contributions  of  this  research  are: 

(1)  The  introduction  and  performance  evaluation  of  new  methods 
for  multiplexing  users  on  a packet-switched  multiple-access  radio 
channel . 

(2)  The  inclusion  of  traffic  of  different  sources  (e.g., 
computer  and  terminals)  on  the  same  radio  channel  providing  efficient 
channel  utilization  and  leading  to  the  design  of  new  mixed-access  modes. 

Although  this  research  was  motivated  by  the  need  for  multiple- 
access  schemes  in  ground  radio  communication,  we  strongly  believe  that 
this  dissertation  presents  alternatives  to  fixed  assignment  and  random 
access  methods  in  general  resource  sharing  systems. 
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Total  Channel  Throughputs  versus  Small  Users  Offered  Traffic. 


CHAPTER  2 

CHANNEL  CONFIGURATION 

Consider  a finite  population  of  N users  communicating  with 
each  other  or  with  a central  station  over  a packet-switched  multiple- 
access  radio  channel  of  limited  bandwidth. 

In  order  to  analyze  the  multiplexing  techniques  that  we  con- 
sider throughout  the  dissertation  and  to  compare  them  to  the  existing 
techniques  described  in  Chapter  1,  we  develop  a general  channel  configu- 
ration model. 

First  we  specify  some  of  the  simplifying  assumptions  made  about 
the  system.  Second  we  characterize  the  traffic  model  and  describe  the 
features  which  are  common  to  all  schemes  presented  in  the  dissertation. 
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2 . 1 System  Assumptions 

We  adopt  the  following  assumptions: 

(A.l)  All  packets  are  of  constant  length.  Let  b denote  the  mi Vr 

of  bits  in  each  packet.  If  W denotes  the  bandwidth  of  the 

radio  channel  modulated  at  1 bit  per  Hz,  then  each  packet 

requires  a transmission  time  of  T = b /W  seconds. 

' m 

(A. 2)  The  channel  is  noise-free:  errors  in  packet  reception  caused 

by  random  noise  are  not  addressed  in  the  dissertation. 

(A. 3)  Acknowledgement  traffic  is  carried  over  a separate  channel.  In 
other  words,  acknowledgements  arrive  reliably  and  at  no  cost. 
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Let  denote  the  transmission  time  of  the  acknowledgement  packet  on 
the  acknowledgement  channel  and  x^  the  propagation  delay  from  the  trans 
mitter  to  the  receiver.  We  assume  that  no  processing  time  is  required 
at  the  receiver  to  generate  an  acknowledgement.  Then  the  period  for 
receiving  the  acknowledgement  is  simply  equal  to  T + 2x  following  the 
end  of  the  transmission  of  the  (information)  packet  at  the  transmitter. 

(A. 4)  There  is  no  multipath  effect:  The  effect  of  multipath  on  any 

type  of  signal  is  to  spread  the  signal  duration  by  echoing  it. 

(A. 5)  There  is  no  FM-capture  effect:  When  two  signals  with  different 

powers  (say  > P?)  are  received  simultaneously,  some  receiv- 
ers can  correctly  receive  the  stronger  signal.  An  FM  receiver 
is  characterized  by  its  capture  ratio: 

P1 

CR  = 10  log  p— 

2 

We  assume  a non-capture  system,  i.e.,  the  overlap  of  any 
fraction  of  two  packets  results  in  destruction  of  both. 

(A. 6)  The  propagation  delay  between  any  source-destination  pair  is 
very  small  compared  to  the  packet  transmission  time:  If  the 

maximum  propagation  delay  is  denoted  by  x,  we  have: 

x « T 

Consider,  for  example,  1000  bit  packets  transmitted  over  a channel 
operating  at  a speed  of  100  kilobits  per  second.  The  transmission  time 
of  a packet  is  then  10  msecs.  If  the  maximum  distance  between  the 
source  and  the  destination  is  10  miles,  then  the  packet  propagation 
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delay  is  of  the  order  of  54  psecs.  Thus  the  propagation  delay  is  a 
very  small  fraction 

A T 

a = y = .005 

of  the  transmission  time  of  a packet.  On  the  contrary,  when  one 
considers  satellite  channels  [KLEI  73]  the  propagation  delay  is  a 
relatively  large  multiple  of  the  packet  transmission  time  (a  » 1). 

In  subsequent  chapters  additional  assumptions  on  the  system 
will  be  introduced  as  needed. 

2 . 2 Traffic  Model  and  Some  Protocols'  Features 

The  traffic  model  is  defined  as  follows. 

Traffic  Source 

Except  in  Chapter  6 (where  the  traffic  source  will  be 
redefined)  we  consider  a finite  number  N of  buffered  users  , with  un- 
limited buffer  size.  Each  user  generates  traffic  independently  of  the 
others  according  to  a homogeneous  Poisson  process.  The  aggregate 
packet  generation  rate  is  denoted  by  X (packets/second).  If  N is  not 
too  large,  each  user  may  generate  packets  frequently  enough  so  that  the 
interarrival  time  between  successive  packets  at  a given  user  is  less 
than  the  delay  incurred  by  a packet  from  arrival  to  the  end  of  trans- 
mission. Thus,  each  user  may  have  more  than  one  packet  requiring 
transmission  at  any  time,  which  will  be  transmitted  on  a first-come- 
first-served  basis.  We  further  assume 

(A.  7)  All  Users  are  within  range  and  in  line  of  sight  of  each  other. 
Therefore  any  user  has  the  ability  to  sense  the  carrier  of  any 
other  transmission  on  the  channel. 
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Channel  Throughput 

Each  packet  has  been  assumed  to  be  of  constant  length,  requir- 
ing T seconds  for  transmission.  Let  S = XT.  S is  the  average  number  of 
packets  generated  per  transmission  time,  i.e.,  the  input  rate  normalized 
with  respect  to  T.  Under  equilibrium,  S can  also  be  referred  to  as  the 
channel  throughput  rate  [LAM  74,  TOBA  74]. 


Channel  Utilization 

The  channel  throughput  rate  S is  less  than  or  equal  to  one. 

If  we  were  able  to  perfectly  schedule  the  packets  into  the  available 
channel  space  with  no  overlap  or  space  between  packets,  we  could  achieve 
a maximum  throughput  of  one.  Therefore  S is  also  referred  to  as  the 
channel  utilization  [LAM  74,  TOBA  74]. 


Slotted  Transmission 

The  time  axis  is  slotted.  All  users  are  synchronized  and  are 
forced  to  start  transmission  only  at  the  beginning  of  a slot  of  duration 
denoted  by  s.  When  the  users  are  not  an  equal  distance  apart,  their 
synchronization  is  not  simple.  We  assume: 

(A. 8)  This  synchronization  is  feasible,  and  in  this  dissertation  we 
will  not  address  the  problems  this  synchronization  arises. 

Two  slot  sizes  are  considered,  giving  rise  to  different  protocols,  and 
will  be  defined  in  the  subsequent  chapters. 


Control  of  Transmission 

In  the  previous  chapter  we  discussed  the  following: 

(1)  Classical  techniques  like  TDMA  and  FOMA  are  quite 
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different  in  philosophy  than  random  access  modes  such  as  CSMA  or  reser- 
vation schemes  such  as  SRMA.  While  with  the  former  we  observed  a low 
channel  utilization  and  therefore  a discrepancy  in  delay  at  low  input 
rate  due  to  the  burstiness  of  traffic,  the  latter  provided  a good  chan- 
nel utilization  at  low  input  rate,  at  the  price  of  collisions  increasing 
with  the  input  rate;  this  results  in  lower  channel  utilization  at  high 
input  rate  and  in  unstability. 

(2)  Another  alternative  to  fixed  assignment  (TDMA,  FDMA)  and 
to  random  access  (CSMA,  SRMA)  is  provided  by  Polling,  where  a central 
station  is  controlling  the  transmission,  therefore  avoiding  collisions 
and  minimizing  the  time  when  the  channel  is  wasted  for  the  users  when 
the  number  of  users  is  not  too  large. 

The  purpose  of  the  techniques  studied  in  the  subsequent  chap- 
ters is  to  increase  the  channel  utilization  at  low  input  rate  wi thout 
any  control  from  a central  station  (rather  we  use  self-control  of  the 
transmission  by  the  users).  In  addition,  collisions  are  avoided,  and 
hence  the  channel  is  stable.* 

In  the  following  we  choose: 

1)  a dynamic  assignment  of  the  channel  to  each  user  for  a 
certain  time  duration.  In  other  words,  if  user  i is  presently  trans- 
mitting a packet  over  the  channel,  an  assignment  scheme  designates  a 
user  j (possibly  = i)  to  transmit  the  next  packet.  At  each  beginning 

of  a packet  transmission,  all  terminals  know  to  which  user  the  channel 
★ 

Stable  and  unstable  channels  are  defined  as  follows  (see  [LAM  74]  and 
[KLEI  75A]):  In  stable  channels,  the  steady-state  throughput-delay 

results  are  achievable  over  an  infinite  time  horizon,  while  in  unstable 
channels,  such  channel  performance  is  achievable  only  for  some  finite 
time  period  before  the  channel  goes  to  saturation,  i.e.,  a zero  through- 
put is  observed  because  of  increasing  collisions. 
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is  assigned. 
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2)  as  in  CSMA,  to  use  the  ability  of  each  user  to  detect  the 
presence  or  absence  of  a carrier  T seconds  after  the  beginning  of  the 
transmission.  All  other  users  know  after  t seconds  whether  user  i had 
a packet  to  transmit  (carrier  present)  or  not  (carrier  absent).  In  case 
the  carrier  is  absent,  they  all  know  which  user  (user  j)  is  chosen  to 
start  transmission  immediately.  They  all  listen  to  the  carrier  for  the 
next  T seconds,  after  which,  if  the  carrier  is  once  more  absent,  a third 
user  may  start  transmitting  a packet,  etc. 

An  access  mode  is  characterized  by  fthe  maximum  number  of 
attempts  M to  find  a busy  user  (a  user  who  has  at  least  one  packet  to 
transmit) . 

Obviously,  we  have 

1 _<  M _<  N 

If  after  M attempts  we  find  no  busy  users,  various  actions  can  be  taken, 
giving  rise  to  various  protocols  which  will  be  defined  in  the  subsequent 
chapters . 

If  M = 1:  we  have  a fixed  assignment,  an  example  of  which  is 

TOMA.  We  will  not  consider  this  value  of  M. 

If  M = N:  even  though  only  one  user  has  a packet  to  transmit, 

this  user  will  eventually  be  chosen  after  M = N 
(worst  case)  attempts. 

In  subsequent  chapters,  the  parameter  M will  be  defined  precisely. 
Carrier  Detection 

After  a maximum  time  of  t seconds,  any  user  may  start  detecting 
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the  carrier  of  any  transmission.  We  assume  that 

(A. 9)  The  time  required  to  detect  the  carrier  due  to  packet  trans- 
missions is  negligible  with  respect  to  t. 

Channel  Capacity 

Because  we  waste  part  of  the  available  channel  space  (between 
the  successive  transmission  of  two  packets,  there  may  be  an  integer 
number  of  t seconds  wasted  for  sensing  the  carrier),  the  achievable 
throughput  may  be  less  than  one.  The  maximum  achievable  throughput  for 
an  access  mode  is  called  the  capacity  of  the  channel  under  that  mode, 
denoted  C: 

C = max  S 

Expected  Packet  belay 

Together  with  the  channel  capacity,  the  expected  packet  delay 
D is  an  important  performance  measure.  D is  defined  as  the  average  time 
elapsing  from  the  generation  of  a packet  until  the  end  of  its  trans- 
mission, normalized  with  respect  to  T (the  delay  in  seconds  is  DT) . 

We  have  so  far  defined  the  following  variables: 

N:  number  of  users 

M:  maximum  number  of  attempts  to  find  a busy  user 

bm:  number  of  bits  per  (information)  packet 

W:  channel  bandwidth 

T:  b^/W,  transmission  time  of  a packet  in  seconds 

t:  maximum  propagation  delay  of  any  transmission 

a:  t/T,  maximum  propagation  delay  normalized  with  respect  to 

T (a  « 1) 
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s:  slot  duration 

X:  aggregate  (total)  mean  packet  generation  rate  (packets  per 

second) 

S:  normalized  channel  throughput  rate:  S = XT,  channel 

utilization 

D:  expected  packet  delay  normalized  with  respect  to  T 

C:  channel  capacity 
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CHAPTER  3 

HEAD  OF  THE  LINE,  ALTERNATING  PRIORITIES, 

ROUND  ROBIN  AND  RANDOM  ORDER 

Four  protocols  are  described  and  analyzed  in  this  chapter: 

Head  of  the  J.ine  (IIOL)  , Alternating  Priorities  (AP)  , Round  Robin  (RR) 
and  Random  Order  (RO)  . They  differ  by  their  dynamic  assignment  schemes; 
however,  in  each  of  them  the  slot  size  is  the  same  and  a slot  is  never 
wasted  as  long  as  at  least  one  user  has  a packet  to  transmit,  i.e., 

M = N 

where  M is  the  maximum  number  of  attempts  to  find  a busy  user  per  slot. 

In  Section  1,  we  define  the  slot  configuration.  The  various 
protocols  arc  described  in  Section  2.  The  first  important  performance 
measure  (the  channel  capacity)  is  shown  in  Section  3 to  be  the  same 
under  the  four  protocols  and  to  be  better  than  existing  techniques  only 
when  the  number  of  users,  N,  is  small  (<_  20).  In  Section  4,  we  estab- 
lish a conservation  law  which  is  of  great  use  in  ;inalyzing  and  comparing 
the  delay  performance  under  those  protocols.  The  main  result  is  that 
the  AP,  RR  and  R0  protocols  all  have  the  same  average  delay  when  all 
users  have  identical  average  input  rates. 

The  next  two  sections  are  devoted  to  analytical  results  con- 
cerning delay  under  IIOL  and  AP  protocols  (the  latter  for  N = 2) . Since 
we  cannot  compare  AP , RR  and  RO  in  terms  of  average  delay  (they  are  the 
same),  it  is  necessary  to  investigate  higher  moments.  It  is  shown  in 
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Section  8 that  AP  provides  the  smallest  delay  variance  and  RR  the 
largest,  although  they  are  close  to  each  other. 

Finally,  in  Section  9 we  compare  the  throughput  delay  perfor- 
mance of  those  three  protocols  to  some  of  the  existing  techniques 
discussed  in  Chapter  1.  For  a small  number  of  users,  AP,  RR  and  RO 
provide  a delay  throughput  performance  close  to  that  obtained  with 
Polling  and  are  particularly  suitable  for  the  multiple  access  of  a 
small  number  of  buffered  users.  When  the  number  of  users  increases,  the 
performance  degrades.  However  if  all  users  are  very  close  to  each  other, 
with  a significant  number  of  users  (N  up  to  50)  AP,  RR  and  RO  perform 
better  than  CSMA  and  CS  SRMA  under  heavy  traffic  conditions.  Like  CSMA, 
the  new  schemes  have  the  advantage  of  not  requiring  the  control  from  a 
central  station,  while  Polling  and  CS  SRMA  do. 


3. 1 Slot  Configuration  and  Operational  Features  v 

Consider  the  slot  configuration  shown  in  Figure  3.1.  The  size 
of  a slot  is 


s = (N  - l)x  + T + X = T[Na  + 1] 


(3.1) 


: 


where  t is  the  maximum  propagation  time,  T is  the  transmission  time  of 
an  (information)  packet  and  N,  the  number  of  users.  Thus  a slot  consists 
of  three  parts: 

1)  an  overhead  of  (N  - 1)  "minislots,"  each  of  duration  t, 
followed  by 

2)  the  packet  transmission  time  of  length  T,  followed  by 

3)  one  minislot  (propagation  delay:  the  last  bit  of  a packet 

is  received  at  most  one  minislot  after  it  was  transmitted). 
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CARRIER 

ONLY 


CARRIER  MODULATED 
BY  DATA 


Figure  3.1.  Slot  Configuration.  , 

c n 

All  users  are  synchronized  and  may  start  transmission  of  the  carrier 

(with  no  modulation)  only  at  the  beginning  of  a minislot,  and  all  users 

| J 

may  start  transmission  of  the  (data)  packet  (carrier  modulated  with  data) 
only  at  the  beginning  of  the  second  part  of  the  slot,  i .e. , (N  - 1)  mini- 
slots  after  the  beginning  of  a slot.  In  each  slot  an  assignment  scheme 
(see  below)  orders  the  N users. 

If  the  highest  order  user,  say  u^,  has  a packet  to  transmit, 
he  starts  sending  the  carrier  (with  no  modulation)  at  the  beginning  of 
the  slot,  i.e.,  at  the  beginning  of  the  first  minislot.  Within  the 
first  t seconds,  i.e.,  after  at  most  one  minislot,  all  other  users  will 
detect  the  presence  of  the  carrier  and  remain  quiet  until  next  slot. 

If  Uj  has  no  packet  to  transmit  then  he  remains  quiet  and  after 
one  minislot  all  other  users  know  that  the  channel  is  idle  (carrier 
absent).  If  the  next  user  in  order,  say  u7,  has  data  to  send,  he  will 
start  sending  the  carrier  (without  modulation)  at  the  beginning  of  the 
second  minislot. 

If  u.,  has  no  packet  to  transmit,  then  he  remains  quiet  and  the 
next  user  in  order,  say  u^,  starts  transmitting  the  carrier  (with  no 


i 


44 


f 


modulation)  at  the  beginning  of  the  third  minislot  if  he  has  data  (u^ 
transmits  if  the  carrier  has  been  absent  for  the  first  two  minislots). 


We  have  already  assumed  (Assumption  9,  Chapter  2)  that  the 
carrier  detection  time  is  negligible  with  respect  to  a minislot.  We 
further  assume  that 

(A. 10)  The  time  for  choosing  a user  by  the  assignment  scheme  is 
negligible  with  respect  to  T. 


We  assume  that  the  assigned  sequence  u^ , . ..,  u^  is 


known 


by  all  users  at  the  beginning  of  the  slot  since  the  assignment  scheme 
is  run  by  all  users  before  the  end  of  the  previous  slot. 

With  Assumptions  8,  9 and  10,  the  protocols  as  described  above 
and  using  such  a slot  configuration  are  considered  as  feasible;  in  this 
dissertation  we  do  not  address  the  practical  problems  of  feasibility  and 
implementation  such  as  synchronization,  implementation  of  sensing  and 
of  assignment  algorithms.  One  way  to  satisfy  Assumption  8 (synchroni- 
zation problems  due  to  the  fact  that  users  are  not  all  equally  distant) 
and  Assumption  9 (carrier  detection  time  negligible)  is  to  increase  the 
size  of  a minislot  (previously  chosen  as  equal  to  the  maximal  propagation 
time  t) , or  equivalently  to  take  a larger  value  for  the  parameter  a.  We 
defined  a in  Chapter  2 as  the  ratio  of  T over  the  packet  transmission 
time  T.  We  now  define: 


A minislot  size  , 
a = ^ « 1 


(3.2) 
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3. 2 The  Protocols 

The  four  protocols  considered  below  differ  in  the  way  the 
assignment  scheme  orders  the  N users  in  each  slot. 

з. 2.1  Head  of  the  Line  (HOL) 

This  protocol,  named  after  the  priority  queueing  system  first 
studied  by  Cobham  [COBH  54 j , is  devised  for  a population  of  N users  on 
which  a fixed  priority  structure  is  imposed.  In  this  system,  queue  i 
(i  = 1 , 2,  . . . , N)  is  served  only  if  all  queues  of  higher  priority  than 
queue  i are  empty,  and  before  all  queues  with  lower  priority  than 
queue  i.  In  each  queue,  customers  are  served  on  a fi rst-come-f i rst- 
served  basis.  The  priority  among  queues  remains  constant  in  time, 
h'ithout  loss  of  generality,  we  denote  by  u;  the  user  with  the  highest 
priority,  by  u,  the  user  with  the  next  highest  priority,  ....  and  by 
u^  the  user  with  the  lowest  priority;  and  we  write  u > u.,  > ...  > u^ 
in  each  slot.  At  each  slot,  u.  will  transmit  his  data,  if  any,  only  if 

и,  , u.,,  ....  u.  , are  idle.  If  all  users  are  idle,  then  the  slot  is 

1 2 l-l 

unused. 

Protocol : 

(1)  The  highest  order  user  (Uj)  need  never  sense  the  channel  and 
synchronizes  his  packet's  transmission,  if  any,  as  follows: 

(i)  At  the  beginning  of  the  slot  he  begins  transmission 
of  the  carrier. 

(ii)  (N  - 1)  minislots  later  he  transmits  the  packet. 

(2)  The  i**1  user  in  order  (u.)(l  < i N)  senses  the  channel  for 
(i  - 1)  minislots. 
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(i)  if  no  carrier  is  detected  after  (i  - 1)  minislots,  at  the 
beginning  of  the  i1^'  minislot,  he  sends  the  carrier  and 
(N  - i)  minislots  later,  he  transmits  the  packet. 

(ii)  Otherwise  (u.  idle  or  carrier  detected  earlier)  u.  waits 

1 1 

for  the  next  slot  and  then  operates  as  before. 

3.2.2  Alternating  Priorities  (AP) 

This  protocol,  named  after  the  priority  queueing  system  studied 
by  Miller  [MILL  64],  obeys  the  following  rule: 

(1)  Assign  the  slot  to  that  user  (say  user  up  who  transmitted  the 
last  packet,  if  possible.  Otherwise  (if  there  are  no  more 
packets  from  this  user) 

(2)  Assign  the  slot  to  the  next  user  in  sequence  (i.e.,  user 

i mod  N+1J 

(i)  If  this  next  user  is  busy  a packet  is  transmitted  in 
this  slot,  and  in  the  following  slot,  operate  as  above. 

(ii)  If  this  next  user  is  idle,  then  repeat  step  2 until 
either  a busy  user  is  found  or  the  N users  have  been 
scanned.  In  this  latter  case  (all  users  idle),  the 
slot  is  unused  and  in  the  following  slot,  operate  as 
above.  (The  following  slot  is  assigned  to  user  u^) 

Protocol 

(1)  The  user  to  which  the  slot  is  assigned  does  not  sense  the 
channel.  If  he  has  a packet  to  transmit,  he  transmits  the 
carrier  only,  from  the  beginning  of  the  slot  and  (N  - 1) 


* 

Users  arc  ordered  in  a given  sequence  which  rotates  as  new  users  gain 
access . 


By  U2.u34i4.They 


Figure  3.2  Alternating  Priorities  (N=4)  (Cross-Hatching  Indicates  a Transmission). 


48 


J 


minislots  later  he  starts  transmitting  his  packet.  Otherwise 
(he  has  no  packet  to  transmit)  he  remains  quiet. 

(2)  The  user  who  is  currently  i^  in  sequence  (1  < i <_  N)  senses 
the  carrier  for  (i  - 1)  minislots.  If  the  carrier  is  absent 
and  if  he  has  data,  he  transmits  the  carrier  at  the  beginning 
of  the  i minislot  and  (N  - i)  minislots  later,  he  transmits 
his  data  packet.  Otherwise  (carrier  present  or  buffer  empty) 
he  remains  quiet. 

(3)  Before  the  end  of  the  slot,  if  the  channel  was  switched  from 
one  user  to  another,  all  users  update  their  priority,  i.e., 
the  number  of  minislots  they  will  have  to  sense  the  carrier 
during  the  following  slot  before  transmitting  (if  the  carrier 
is  absent).  All  users  then  operate  as  above. 

In  Figure  3.2  we  consider  an  example  with  N = 4 queues.  At 
time  tj,  priority  is  given  to  user  1 who  transmitted  in  the  previous 
slot.  User  1 has  one  packet  in  his  buffer.  He  therefore  transmits 
his  packet  in  the  slot  starting  at  t^.  At  the  beginning  of  the  next 
slot,  at  time  t7,  his  buffer  contains  a packet  generated  between  tj 
and  t7.  User  1 still  has  priority  and  transmits  his  packet.  At  time 
t^,  user  l's  buffer  is  empty  and  priority  is  given  to  user  2 whose 
buffer  is  empty.  Next  in  priority  is  user  3 who  has  3 packets  to  trans- 
mit. User  3 transmits  a packet  in  the  slot  starting  at  t^  and  will  keep 
transmitting  until  his  buffer  is  empty. 

3.2.3  Round  Robin  (HR) 

As  in  TUMA,  each  user  is  assigned  one  slot  in  a round  robin 
fashion.  After  one  user's  slot  has  elapsed,  the  channel  is  switched  to 
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another  user  according  to  a fixed  order,  say  u^ , u^ , 


' ' llN ’ U1  ’ ’ 

but  if  the  user  to  whom  the  current  slot  is  assigned  is  idle,  the  (N  - 1) 
remaining  users  are  scanned  in  sequence  according  to  the  same  order* 
until  a busy  user  is  found.  The  protocol  works  as  follows: 

(1)  If  the  user  to  whom  the  current  slot  is  assigned  has  a packet 
to  transmit,  he  transmits  the  carrier  from  the  beginning  Cf 
the  slot  and  (N  - 1)  minislots  later  he  transmits  his  data 


packet.  If  he  is  idle  he  remains  quiet  until  the  end  of  slot. 


. th 


(2)  The  i user  in  sequence  senses  the  carrier  for  i-1  minislots. 


If  the  carrier  is  absent  and  if  he  has  a packet  to  transmit, 

.th 


(3) 


he  transmits  the  carrier  from  the  beginning  of  the  i mini- 
slot and  (N  - i)  minislots  later  he  transmits  his  data  packet. 
Otherwise  (carrier  present  or  buffer  empty)  he  remains  quiet 
until  the  end  of  the  slot. 

No  matter  who  uses  the  current  slot,  slots  are  assigned  to 
users  in  sequence:  if  the  current  slot  is  assigned  (not  neces- 
sarily used)  to  u..,  the  next  slot  is  assigned  to  u.^  N+1  + 

In  Figure  3.3,  we  take  an  example  with  N = 3 queues.  The  slot 


starting  at  tj  is  assigned  to  user  1.  Users  1 and  2 are  idle,  user  3 


has  2 packets  to  transmit.  User  3 transmits  in  this  slot.  The  next 


If  the  slot  is  assigned  to  u.  (1  <_  i N) , the  next  user  in  sequence 
is  Ui  mod  N + 1*  *•*»  the  last  in  SGCluence  is  ui_J  (or  if  i = 1). 

t 


Variant : If  the  current  slot  is  assigned  to  u. , and  u.  uses  the  cur- 


rent slot  (j  = i,  i+1,  ....  N,  1,  ...,  i-1),  then  the  next  slot  is 


assigned  to  u.  , . If  the  current  slot  is  not  used  (all  users  idle) 

j mod  N+l  J 


then  the  next  slot  is  assigned  to  u. 


i mod  N+l' 
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PRIORITY  u1>u2>u3 


u2>u3>Ui 


u3>u^>u2 


u1>u2>u3 


l 


USED  BY  u. 


1 


ASSIGNED  TO 


USED  BY  u2 

I 


ASSIGNED  TO 

h 


n 


USED  BY  u3 

I 


ASSIGNED  TO  u3 


A 

U3  STARTS  PACKET  u2  STARTS  CARRIER 
TRANSMISSION  TRANSMISSION 


? 

I u 


3 STARTS  CARRIER 
TRANSMISSION 


Figure  3.3.  Round  Robin  (N=3)  (Cross-Hatching  Indicates  a Transmission. 
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slot  is  assigned  to  user  2 who  transmits  the  packet  generated  in  the 
previous  slot.  The  following  slot  is  assigned  to  user  3 who  still  has 
a packet  to  transmit.  The  following  slot  assigned  to  user  1 will  be 
used  by  user  1 who  has  meanwhile  generated  a packet. 


3.2.4  Random  Order  (RO) 

Each  slot  is  assigned  at  random  to  one  among  the  N users  by  a 
common  pseudo- random  number  generator.  That  is,  each  user  generates  the 
same  pseudo-random  permutation  of  1,  2,  ...,  N,  and  this  invokes  the 
same  First-In-First  Out  (FIFO)  queue  of  random  numbers.  The  head  of  the 
FIFO  queue  represents  the  user  to  whom  the  slot  is  assigned.  If  this 
user  has  a packet  to  transmit,  then  he  transmits  his  packet  in  this  slot. 
If  the  head  of  the  FIFO  queue  represents  an  idle  user,  then,  after 
deletion  the  current  head  of  the  FIFO  represents  the  next  user  in  order 
to  transmit  in  this  slot:  a second  attempt  is  made  to  find  a busy  user 
to  transmit  in  the  current  slot,  etc.  Thus  the  N users  are  ordered  by 
the  sequence  of  numbers  in  the  FIFO  queue. 

Protocol: 

(1)  At  the  beginning  of  a slot,  if  the  user  to  whom  the  slot  is 
assigned  has  a packet  to  transmit,  he  sends  the  carrier  at  the 
beginning  of  the  slot  and  (N  - 1)  minislots  later,  he  transmits 
his  packet.  Otherwise  (idle  user)  he  remains  quiet. 

(2)  The  it^1  user  in  sequence  (represented  by  the  i*1'  number  in  the 
FIFO  queue  from  the  head  of  the  queue)  senses  the  carrier  for 
the  (i-1)  first  minislots,  after  which  he  transmits  (the 
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carrier)  if  he  has  a packet  to  transmit  and  if  the  carrier  were 
absent.  Otherwise  he  remains  quiet. 

(3)  Before  the  end  of  the  current  slot,  all  users  update  their 

priority,  i.e.,  generate  a pseudo-random  permutation  of  1,  2, 

...,  N.  The  resulting  sequence  of  numbers  in  the  FIFO  queue 
(the  same  for  all  users)  gives  the  priority  order  of  the  N 
users  for  the  next  slot,  i.e.,  for  each  user,  the  number  of 
minislots  during  which  the  carrier  must  be  sensed. 

In  Fiqure  3.4,  we  take  an  example  with  five  queues,  u^,  to 
whom  the  first  slot  is  assigned  (5  is  at  the  head  of  the  FIFO  queue),  is 
idle.  Uj  is  the  next  user  in  order  (5  is  deleted  and  1 moves  to  the 
head),  u^  has  two  packets  ready  for  transmission.  Then  u^  transmits  a 
packet  in  this  slot.  The  next  slot  is  assigned  to  u^  (5  is  at  the  head 
of  the  FIFO).  Uj.  is  idle  (5  is  deleted,  3 moves  to  the  head),  u^  is 
also  idle  (3  is  deleted,  4 moves  to  the  head),  u^  has  two  packets 
ready  for  transmission.  He  transmits  a packet  in  this  slot,  etc. 

While  HOL  is  well  adapted  to  a population  of  users  on  which  a 
fixed  priority  structure  is  imposed,  AP,  RR  and  RO  are  suitable  for  a 
population  of  users  identical  in  terms  of  average  input  rate  and  priority. 

The  scheduling  algorithm  of  the  RO  protocol  is  obviously  more 
expensive  to  implement  than  are  AP  and  RR. 

Channel  capacity  and  delay  are  the  two  important  performance 
measures,  the  analysis  of  which  will  allow  us  to  decide  which  protocol 
is  best  and  to  compare  these  techniques  to  existing  techniques.  First, 
we  consider  channel  capacity. 
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3.  3 Channel  Capacity 

The  channel  capacity  C,  under  a given  protocol,  has  been  de- 
fined in  Chapter  2 as  the  maximum  achievable  throughput  for  this  pro- 
tocol. Between  the  successive  transmission  of  two  packets,  there  are 
(N  - 1)  minislots  wasted  for  carrier  sensing,  and  therefore  whatever 
protocol  we  use  with  the  slot  configuration  defined  in  Section  3.1,  the 
maximum  achievable  throughput  is  less  than  1.  Since  within  each  slot 
(of  size  s defined  by  Eq.  (3.1)),  NaT  seconds  are  wasted,  where  a 
is  defined  by  Eq.  (3.2);  the  channel  capacity  is 


C 


_1 

1 + Na 


(3.3) 
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In  Figure  3.5,  we  plot  the  capacity  C versus  the  number  of 
users  N for  various  values  of  a. 

On  the  same  figure  are  plotted  the  capacity  of  Polling,  CSMA 
and  slotted  ALOHA.  With  Polling  [KOHN  72]  one  can  always  achieve  a 
theoretical  throughput  of  1,  since  when  one  user  transmits  over  the 
channel,  he  keeps  transmitting  at  a rate  of  one  packet  per  packet  trans- 
mission time.  If  his  buffer  never  empties  there  is  no  waste  of  the 
channel  due  to  switching  to  (polling)  another  user.  The  capacity  of 
slotted  ALOHA  is  known  to  be  1/e  [KLEI  75A] . The  slotted  non-persistent 
CSMA  protocol  provides  the  highest  capacity  among  all  CSMA  protocols 
[KLEI  75B];  the  CSMA  capacity  is  plotted  for  a = .01,  .05,  and  .001. 

The  capacity  of  HOL,  AP,  RR  and  RO  is  observed  to  decay  very 
fast  below  the  CSMA  capacity  when  a is  not  too  small  (N  = 18  for  a = .01, 
N = 10  for  a = .05)  and  is  worse  than  the  slotted  ALOHA  mode  for 
N > 172  if  a = .01  ( or  N > 34  if  a = .05).  However,  when  a is  very 
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small,  say  a = .001*,  the  capacity  stays  high  (>  90%)  for  N _<  110. 

In  Figure  3.6  we  plot  the  channel  capacity  C versus  a for 
various  values  of  N,  and  compare  it  to  the  channel  capacity  of  CSMA 
(slotted  non-persistent)  [KLEI  75B]  and  slotted  ALOHA  [KLEI  75A] . For 
a small  number  of  users  (N  = 10) , the  protocols  studied  in  this  chapter 
give  a higher  channel  capacity  than  all  CSMA  protocols  for  values  of  a 
not  larger  than  .038,  and  is  fairly  good  when  a <_  .02  (>  83%).  When  the 
number  of  users  is  larger,  C quickly  decays  as  a increases;  if  N = 50 
for  values  of  a > .35,  the  capacity  drops  below  that  of  slotted  ALOHA. 

After  channel  capacity,  the  second  important  performance 
measure  we  analyze  is  the  delay  incurred  by  a packet  from  its  generation 
to  the  end  of  its  transmission.  We  first  establish  a conservation  law 
which  gives  us,  as  a main  result,  the  average  delay  under  a broad  class 
of  protocols,  whatever  the  number  of  users  is,  when  all  users  have  the 
same  input  rate. 

3.4  A Conservation  Law 

Multiple  access  to  a radio  channel  from  a finite  number  of 
buffered  users  can  be  modeled  as  a priority  queueing  system  with  one 
server  (service  corresponds  to  the  transmission  of  a packet  over  one 
single  channel).  Customers  (packets)  arrive  at  multiple  queues  to  be 
served  according  to  a queueing  discipline  which  is  nothing  more  than  a 
protocol  (i.e.,  a means  for  choosing  which  customer  in  which  queue  is 

to  be  served  next) . Since  we  assumed  Poisson  generation  of  the  packets 

a = .001;  if  for  example,  all  users  are  less  than  2 miles  apart  and 
transmit  1000  bit  packets  over  a channel  operating  at  a speed  of  100 

kilobits  per  second,  or  if  all  users  are  less  than  10  miles  apart  and 

transmit  5000  bit  packets  over  a channel  operating  at  a speed  of  100 

kilobits  per  second. 


Figure  3.6.  Effect  of  Propagation  Delay  on  Channel  Capacity. 
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we  could  apply  all  the  results  known  about  M/G/l  priority  queueing  sys- 
tems (see  for  example  [KLIil  7b]  , or  for  a more  complete  work  on  the 
subject  see  [JAIS  68]).  However,  in  any  M/G/l  queueing  system,  a cus- 
tomer who,  upon  arrival,  finds  the  system  idle  (no  customer  in  any  queue 
or  in  service)  is  immediately  serviced.  In  any  conservative*  priority 
queueing  system  [KLF.I  65],  a customer  who,  upon  arrival  finds  the  system 
idle  (no  customer  in  any  of  the  queues  or  in  service)  is  immediately 
serviced.  This  is  not  true  in  our  multiple  access  schemes  since  the 
transmission  is  slotted.  Whatever  protocol  we  use,  a packet  which  upon 
generation  finds  the  system  empty  (no  packet  waiting  for  transmission  at 
any  usei;  no  packet  being  transmitted),  has  to  wait  until  the  beginning 
of  the  following  slot  to  be  a candidate  for  transmission.  Therefore  we 
model  our  access  schemes  as  work-conserving  priority  queueing  systems 
with  rest  period.  When  the  server  goes  idle  (upon  service  completion 
of  the  last  customer)  he  goes  for  a "vacation"  with  an  arbitrary  distri- 
bution function.  At  the  end  of  this  vacation,  he  starts  serving  any 
customers  who  arrived  during  this  vacation,  or  if  no  one  arrived,  he 
goes  for  another  vacation. 

Our  slotted  system  can  be  modeled  as  a queueing  system  with 
rest  period  where  both  service  time  and  rest  period  are  deterministic 
with  the  same  length  (slot  size).  The  queue  M/G/l  with  rest  period  has 
been  studied  by  Miller  [MILL  64].  Using  another  approach,  in  Appendix  A 
we  give  some  useful  results  concerning  delay  in  such  a queueing  system. 

For  any  M/G/l  system  and  a non -preemptive  work-conserving 

" 

By  "conservative"  or  "work-conserving,"  we  mean  [KLEI  65]  that  no  work 
is  created  (example  of  creation:  server  standing  idle  in  the  face  of  a 

non-empty  queue)  or  destroyed  (example  of  destruction:  customer  leaving 

the  system  before  service  completion). 
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queueing  discipline,  Kleinrock  first  stated  and  proved  the  following 
conservation  law  [KLlil  65]: 


V p w = - — p < 1 
p^i  p p 1 ' p 


(3.4) 


where  arriving  customers  belong  to  one  of  a set  of  P different  priority 
classes,  customers  from  priority  group  p arrive  in  a Poisson  stream  at 

rate  A^  customers  per  second,  each  customer  from  this  group  has  a mean 

2 

service  time  x and  a service  time  second  moment  x“.  Customers  from 
P P 

group  p incur  an  average  waiting  time  IV  , and  p , p and  W are  defined 


as  fol lows  : 


(3.5) 


= £ 


(3.6) 


VIpp^=I/p| 


(3.7) 


IV  represents  the  expected  residual  life  of  the  customer  found  in 
service  upon  an  arrival's  entry. 

Thus  this  weighted  sum  of  the  average  waiting  times  W never 
changes,  whatever  the  queueing  discipline  is. 

The  purpose  of  this  section  is  to  extend  this  conservation  law 
to  the  M/G/l  queue  with  rest  period;  by  the  same  argument,  this  law  can 
be  extended  to  the  M/G/l  queue  with  initial  set-up  time  (sec  Appendix  l>) 


3.4. 1 M/G/l  with  Rest  Period  Cons er vat  ion  Law 

The  following  law  holds  for  queueing  systems  with  rest  period 
under  the  following  restrictions: 


1 
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1.  Arrival  statistics  are  all  Poisson;  service  statistics  are 
arbitrary;  and  arrival  and  service  statistics  are  all  independent  of 
each  other. 

2.  Preemption*  is  not  allowed  and  the  queueing  discipline  is 
work- conserving. 

3.  If  there  are  no  more  customers  in  the  system  so  that  the 
server  goes  idle  for  lack  of  work,  he  will  be  withdrawn  from  the  system 
for  some  time  Tq  (rest  period)  with  an  arbitrary  distribution  function. 
At  the  end  of  the  rest  period,  the  server  will  return  and  begin  to 
serve  the  customers  that  have  accumulated  during  his  absence.  If  there 
is  no  backlog,  he  will  take  another  independent  rest  period  which  begins 
immediately. 

It  is  assumed  throughout  that  the  systems  under  consideration 
are  in  the  steady-state  equilibrium.  In  general,  this  is  equivalent  to 
requiring  that  the  system  has  been  operating  for  a long  time  and  that 
p < 1,  where  p (Eq.  (3.6))  is,  as  usual,  the  product  of  the  average 
arrival  rate  of  customers  per  second  times  their  expected  service  time: 

P 

x = £ A (3.8) 

p=l  p 

P X 

x - Z -f  XP  <3-9> 

p=l  ** 

P 

P = £ Pn  = XX  (3.10) 

P=1  P 

* 

"If  a customer  in  the  process  of  being  served  is  liable  to  be  ejected 
from  service  and  returned  to  the  queue  whenever  a customer  with  a higher 
value  of  priority  appears,  the  system  is  said  to  be  preemptive." 

[KLEI  65]. 
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Theorem 


For  any  queueing  discipline  and  any  given  arrival  and  service 
time  parameters  subject  to  restrictions  1 through  3 above. 


Lo  IV  = i constant  with  respect  to  variation 
_ j P l of  the  queueing  discipline 


(3.11) 


where  is  the  expected  waiting  time  of  the  p priority  group,  and 
where  P represents  the  total  number  of  groups  to  be  distinguished. 

In  particular. 


i 

V P W = -r— 2 WA  + piA 

~i  P P 1 - P o M 0 


p < 1 


(5.12) 


where  (Eq.  (3.7))  represents  the  expected  residual  life  of  the  cus- 
tomer found  in  service  upon  an  arrival  entry,  and  represents  the 
expected  residual  life  of  the  rest  period  upon  an  arrival  of  a customer 


who  arrives  during  a rest  period: 


(3.13) 


Proof: 


The  proof  follows  the  argument  by  Kleinrock  almost  exactly. 

Let  us  define  U(t)  as  the  total  unfinished  work  present  in  the  system 
at  time  t.  "In  particular,  U(t)  represents  the  time  that  it  would  take 
to  empty  the  system  of  all  customers  present  at  time  t,  if  no  new  cus- 
tomers were  allowed  to  enter  the  system  after  time  t."  [KLEI  65].  A 
typical  section  of  U(t)  might  look  like  the  graph  shown  in  Figure  3.7. 

The  instants  t.  are  the  times  of  arrival  of  new  customers  to 
l 

the  system,  each  customer  requiring  a service  (work)  of  seconds.  At 
t^,  U(t)  increases  by  an  amount  x^.  During  the  rest  period,  l)(t) 
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cannot  decrease  (i.e.,  it  may  only  jump  up  at  t^  and  remain  constant 
between  successive  t^'s).  When  the  server  ends  its  rest  period,  U(t) 
decreases  at  a steady  rate  of  1 sec/sec  as  long  as  U(t)  is  positive;  as 
before,  it  jumps  by  at  the  times  t^,  and  once  having  reached  zero, 
it  remains  there  until  the  next  customer's  arrival. 


REST  PERIODS  t REST  PERIOD 


Figure  3.7.  Unfinished  Work,  U(t). 


It  is  clear  that  regardless  of  the  order  of  service  (no  matter 

what  conservative  queueing  discipline  is  used),  the  function  U(t)  will 

not  change.  It  is  also  clear  that  "no  matter  which  U(t)  function  turns 

up,  as  long  as  the  same  statistics  are  used  for  the  t.  and  x^,  the 

expected  value  U of  the  unfinished  work  will  be  the  same"  [KLEI  65]. 

If  at  time  t there  are  N (t)  customers  from  group  p in  the 
th 

queue,  and  if  the  l of  these  (i  = 1,  2,  ....  N^Ct))  is  to  have  a 
service  time  x^  and  if  xQ  represents  the  work  yet  to  be  done  on  the 
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man  in  service  (if  there  is  any) , then  we  may  say 


N (t) 


U(t)  = x 


X. 

XP 


p=l  i = l 

regardless  of  the  order  of  service. 

Then  taking  expectations  on  both  sides,  we  have 


P °°  p 

E[U(t)]  = E[x  ] + £ £ P[N  (t)  = n ] V E[x  ] 

p=l  n =0  p p ’ 1P 

P 


i = l 


We  observe  that  E[xQ  / server  is  idle]  = 0,  and  that  the  probability 
that  the  server  is  busy  is  independent  of  the  order  of  service.  In 
particular,  for  a strict  first-come-first-served  discipline,  it  is  shown 
in  Appendix  A that  P [server  is  busy]  = p in  an  M/G/l  with  rest  period 
system,  as  in  a regular  M/G/l  system. 

Therefore 


H[x0]  = £pp  wo 

p=l  1 2x 

P 


since  Efx11  ] = x11  is  independent  of  the  index  i.  With  the  time  t taken 
iP  P 


at  randan  (and  large  from  beginning) , we  may  write 


U = lim  E[U(t)] 


t-K» 


U is  the  limiting  average  unfinished  work.  Thus  we  have: 


U - Wn  + lim  y Y n P[N  (t)  = n ]: 
0 _ >6,  *->  n p 1 d1  nJ 

t-*°°  p=l  n =0  v 
y P 
P 


5 ‘ ffo  * £ V«V 


However,  E[Np] 


AW  by  Little's  result  [LITT611. 
P P 


Thus,  we  conclude 


II 


+ 


I' 


£ 

p=i 


(3.14) 


We  get  the  same  expression  as  the  one  that  was  obtained  for  the  average 
unfinished  work  in  a regular  M/G/l  priority  queueing  system  (see  Eq. 

(13)  in  [KLEI  65]).  This  is  not  surprising  since  in  both  systems  the 
increase  of  work  is  the  same  and,  on  the  average,  the  fraction  of  time 
when  the  server  is  busy  is  p (and  we  know  that  in  both  cases  when 
the  server  is  busy,  the  unfinished  work  decreases  at  a rate  of  1 
sec/sec. ) . 

Now  since  U is  independent  of  the  order  of  service,  we  may  as 
well  calculate  U for  a strict  first-come-first-served  discipline. 

Looking  at  the  graph  shown  in  Figure  3.7,  one  recognizes  that 
for  an  arrival  occuring  at  time  t: 

i)  if  the  arrival  occurs  during  a period  when  the  server 
is  busy  (with  probability  p) , then 

WFCFS^  = 

where  Wp^pt,(t)  is  the  waiting  time  of  a customer  arriving  at  time  t in 
a first-come-first-served  discipline.  Indeed,  if  service  is  given  in 
order  of  arrival,  the  time  a customer  has  to  wait  for  service  if  he 
arrived  at  time  t is  precisely  the  backlog  of  work  at  time  t,  i.e.,  U(t). 

ii)  if  the  arrival  occurs  during  a rest  period  (with  proba- 
bility (1  - p)),  then 

WFCFS^t')  = + 0O 

where  eQ  is  the  residual  life  of  the  rest  period  upon  arrival. 


A 
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Taking  expectations  we  may  write: 


Wpcps  = U + (1  - p)T0 


(3. IS) 


where  T is  the  expected  residual  life  of  the  rest  period:  xf 


If  we  use  the  value  of  U drawn  from  Eq.  (3.15)  in  Eq.  (3.14) 


we  have 


WFCFS  (1  P)T0  W0  + ^PpWp 


(3.16) 


Eq.  (3.16)  is  true  regardless  of  the  order  of  service.  In  particular, 
if  the  queueing  discipline  is  FCFS,  = Wp^.^  for  all  p,  and  since 
= p,  we  finallv  obtain  from  Eq.  (3.16) 


W = — + x 

FCFS  1 - p 0 


(3. 17) 


Eq.  (3.17)  is  consistent  with  the  expression  for  the  average  waiting 
time  in  an  M/G/l  with  rest  period  (Appendix  A:  Eq.  (A. 27)). 


2(1  - Ax) 


(3.18) 


Indeed,  Eq.  (3.17)  becomes 


T A xZ 
■ P P 

77  p=l  r 1 

FCFS  2(1  - p)  0 

~2  P A 5 — y 

and  observing  that  x = £ x^  and  that  p = Ax  , we  finally  get 


Lq.  (3.18). 


Substituting  the  value  °*"  ’ aS  K*vt'n  by  1 ‘1  • (3.17),  into 

, lb  we  have  the  conservation  law  given  in  Fq.  (3.12). 
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Now,  in  the  special  case  where  x^  = x for  all  p,  then  the 


conservation  law  gives 


EX  W = -r — + XTn  P < 1 

. p p 1 - P 0 


(3.19) 


However,  from  Little's  result  we  have 


V'  E[N  ] = -r + Afn 

1 pJ  1 - p 0 


But  this  sum  is  merely  the  average  total  number  in  queue,  denoted  by  N 


\ ■ rr-p  * XTo  0 ‘ 1 


(3.20) 


And  applying  once  more  Little's  result,  we  have 


w = FTT  + T0  p ' 1 


(3.21) 


Thus  in  the  special  case  where  x^  = x,  then  the  average  total  number  in 
queue  and  the  average  waiting  time  in  queue  are  independent  of  the 


queue  discipline: 


V*  X W = AW  p < 1 

, p p 

P=1  r * 


(3.22) 


Furthermore,  one  can  easily  show  that  when  the  order  of  service 
is  independent  of  service  time,  then  the  distribution  of  total  number  of 
customers  in  system,  and  thus  the  average  waiting  time,  are  both  indepen- 
dent of  the  queueing  discipline  (note  that  x^  = x is  a less  strong 
assumption  than  "order  of  service  independent  of  service  time").  The 
approach  for  showing  this  statement  is  exactly  the  same  used  in  a 
regular  M/G/l  priority  queueing  system  [KLF.I  76]. 

When  the  order  of  service  is  independent  of  service  time,  in 
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particular  we  have 


x2  = x2  for  all  p 
P 1 


Thus,  Eq.  (3.22)  becomes 


and 


Ax 

2 


VJiw  = - + x 

L*  A p 2(1  - p)  0 


P < 1 


(3.23) 


with 


f°  = 


2T 


0 


' p = Ax 

The  right-hand  side  of  Eq.  (3.23)  is  merely  the  average  waiting  in  an 

M/G/l  queue  with  rest  period  (Eq.  (3.18)). 

Thus  the  conservation  law  puts  a linear  equality  constraint  on 

the  set  of  average  waiting  times  W ; the  weighted  sum  of  the  average 

P 

waiting  time  is  equal  to  the  waiting  time  under  FCFS  discipline.  Any 

attempt  to  modify  the  queueing  discipline  so  as  to  reduce  one  of  the 

W 's  will  force  an  increase  in  some  of  the  other  if  's  in  a way  which 
P P 

balances  the  result. 


i'i 

.] 

[ 


3.4.2  Average  Packet  Delay  in  AP,  HR,  RO 

We  shall  model  our  multiple  access  schemes  as  priority  queueing 
systems  with  rest  period  where  the  service  time  and  rest  period  have  the 
same  deterministic  distribution  of  length  s = [1  + Na]T,  and  where,  to 
each  user,  corresponds  a priority  group,  with  a total  of  N priority 
groups . 

Let  us  denote  by  A-  the  average  delay  normalized  with  respect 
to  s (i.e.,  expressed  in  slots)  incurred  by  a packet  generated  at  user  i, 
and  W.  denote  the  average  waiting  time  in  queue  (user’s  buffer)  of  the 
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packet  generated  at  user  i,  normalized  witli  respect  to  s.  Then 


A.  = W.  + 1 

i i 


Any  packet  requires  one  slot  of  service  (all  packets  have  the 
same  size  and  thus  require  the  same  amount  of  channel  time)  whatever 
user  it  is  generated  at. 

We  may  then  apply  the  conservation  law,  by  means  of  Eq.  (3.23) 
which  becomes 


N A. 

y jl  w = p 

iti  > "i  2(1  - 


1 


1 


(1  - P)  2 2(1  - p) 


p < 1 (3.24) 


where  p = Ax  = As  can  be  viewed  as  the  total  input  rate  normalized  with 
respect  to  s,  and  where  A.  is  the  generation  rate  (packets/second)  at 


user  l 


Also,  we  may  write 
N A. 


Y -T-  A.  = ■->  + 1 p < 1 

A i 2(1  - p) 


(3.25) 


Eq.  (3.24)  and  Eq.  (3.25)  are  true  whatever  protocol  is  used! 

Furthermore,  the  total  average  number  of  packets  is  independent 
of  the  protocol  used  and  is  given  by 


N = 


P 


2d  - P) 


+ P 


P < 1 


(3.26) 


Eet  us  define  a symmetric  protocol  as  one  under  which,  when  the  input 
rate  is  the  same  at  all  users,  the  average  delay  of  a packet  is 
independent  of  the  user  at  which  it  was  generated: 
if  A.  = A/N  for  a 1 1 i 

then  A.  = A.  for  all  i and  j between  1 and  N. 
i J 
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Therefore,  one  corollary  of  the  conservation  law  is:  when  the  packet 

generation  rate  is  the  sajiie  at  all  users,  the  average  packet  delay  for 
each  group  is  independent  of  the  (symmetric)  protocol,  and  given  by 


Ai = irnr-py + 1 i = 1*N 


p = XT C 1 + Na)  < 1 


(3.27) 


In  particular,  AP,  HR  and  HO  are  three  symmetric  schemes  which 
give  the  same  packet  delay  given  by  liq.  (.3.27).  In  order  to  compare 
AP,  UK  and  RO  and  decide  which  one  is  the  best  in  terms  of  delay,  we  will 
have  to  compare  the  delay  variance  under  these  various  protocols. 

First  however,  let  us  try  to  solve  for  the  average  delay  in  the 
general  case,  i.e.,  when  the  input  rate  is  not  the  same  at  all  queues. 

For  IIOL  a mean  value  analysis  is  available  which  we  will  present  in  the 
next  section.  For  AP,  RR  and  RO,  the  problem  is  not  easy;  we  will 
present  the  special  case  of  N = 2 users  and  give  an  exact  analysis  of 
AP.  We  have  found  a light  traffic  approximation  for  the  analysis  of 
RR  in  the  special  case  of  (N  = 2)  users  (unpublished  note).  No  analysis 
is  available  for  RO. 


.3 . 5 Head  of  the  Line  (IIOL ) 

We  will  show  that  the  average  delay  of  a packet  generated  at 
queue  p and  expressed  in  slots  is  given  by 


= 1 + 


2(1  - op)d  - ap+1) 


(3.28) 


L 


where 


N 

o = y p 

p *-•  p 

* i=p  v 


p = A s 
P P 


(3.29) 


We  choose,  without  loss  of  generality,  an  external  priority  structure 
such  that  queue  p,  p = 2,  ...,  N,  has  higher  priority  than  queue 
(P  - 1). 

For  such  a discipline  in  a regular  (no  rest  period)  M/G/l,  the 
average  waiting  time  at  queue  p is  (see  [KLEI  76],  Chapter  3) 

W, 


w = 


0 


p (1-ya-Vi) 


(3.30) 


where  WQ  is  given  by  Eq.  (3.7) 

Using  the  same  mean  value  analysis  as  for  the  regular  HOL 
M/G/l,  and  the  same  notations  as  used  in  [KLEI  76],  we  show  that  for  an 
M/G/l  system  with  rest  period  and  a HOL  queueing  discipline,  the  average 
waiting  time  at  queue  p is  given  by 


W 


W0  + V1  - P> 

p - (1  CTp)  (1  -<*p+1) 


(3.31) 


p = 1,  2,  . . . , N 


where  is  given  by  Eq.  (3.13) 


From  Eq.  (3.31)  we  then  easily  get  Eq.  (3.28)  which  also  has 
been  directly  derived  by  a different  approach  [SPRA  72], 

Consider  a customer  newly  generated  at  queue  p.  The  first  part 


of  the  delay  of  this  customer  referred  to  as  the  "tagged  customer"  is 
due  to  the  customer  he  finds  in  service,  or  if  there  is  nobody  in 
service,  the  first  part  of  the  delay  is  the  residual  life  of  the  rest 


period.  The  second  component  of  delay  is  due  to  customers  found  in  the 
queues  by  our  tagged  customer  and  who  receive  service  before  he  does. 
Finally  the  third  part  of  the  delay  is  due  to  later  arrivals  than  he. 


Consequently,  the  total  average  delay  in  queue  for  our  tagged 
customer  may  be  written  as 


W = + T ( 1 - p)  + V*  x.N.  + Y x . M. 

p o £•,  i ip  A i ip 


(3.32) 


The  first  two  terms  of  the  right-hand  side  correspond  to  the  first 
component  of  the  delay;  the  third  and  fourth  terms  correspond  respec- 
tively to  the  second  and  third  components  of  delay,  where  N.  and  M. ^ 
are  defined  as  follows. 

NLp  represents  the  average  number  of  customers  of  queue  i found 
by  our  tagged  customer  upon  arrival  and  who  receive  service  before  he 
does.  Therefore,  we  have  N.  =0  for  i=l,  . ..,  p - 1. 

ip  r 

NLp  represents  the  average  number  of  customers  of  queue  i who 
arrive  at  the  system  while  our  tagged  customer  is  in  the  queue  and  who 
receive  service  before  he  does.  Therefore,  we  have  M.  =0  for 

ip 

i = 1,  . . . , p. 

From  Little's  result,  we  also  have 


N.  = A.W.  i = p,  p + 1,  . . . , N 

ip  11  ft  r 


(3.33) 


Indeed,  on  the  average,  there  will  be  A .W . customers  present  at  queue  i 
when  our  tagged  customer  arrives. 


Similarly,  since  he  spends  on  the  average  seconds  in  queue, 
and  since  each  queue's  arrival  process  is  independent  of  queue  size, 
there  will  be  on  the  average  A.W^  customer  arrivals  at  queue  i while 
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our  tagged  customer  waits  on  queue.  Therefore 


M.  = A . W i=p+l,p+2,  ...,N 

1 p i p 1 * 1 * ’ 


(3.34) 


Thus  Eq.  (3.32)  becomes 


Wp  * W0  + V1 


- p)  + V*  x.A.W.  + V*  x.A.W 
iii  . *-•  , lip 


i=P 


i=p+ 1 


(3.35) 


p = 1,  2,  ....  N 


Solving  Eq.  (3.35)  for  W , we  have 


W0  + V1  - p)  + £ PiWi 

W = r i=2il 

p 1 - a 


(3.36) 


P = 


1,  2, 


Solving  recursively  this  triangular  set  of  equations,  that  is, 
starting  with  W^  and  from  this  finding  WN  etc.,  we  obtain  Eq.  (3.31) 
We  first  observe  that  the  conservation  law  stated  in  the 
previous  section  must  hold.  One  can  easily  verify  this  by  substituting 
Wp  as  given  by  Eq.  (3.31)  into  Eq.  (3.12). 

We  now  pose  the  following  optimization  problem  which  has  been 
stated  and  solved  in  [KLEI  76] : 

How  should  we  assign  external  priorities  to  customers,  given 
there  is  a cost  ratio  of  dollars  for  each  second  of  delay 
suffered  by  each  customer  from  queue  p? 

Clearly  the  average  cost  per  second  to  the  system  we  denote  by  C must 
be 


C = 


(3.37) 


where  N is  the  average  number  of  customers  in  the  system  generated  at 
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queue  p.  From  Little's  result  we  know  that  regardless  of  the  queueing 
discipline,  we  have 


and  so 


n =n  = x (w  + x ) 
p p p p p p 


N N 

c = £ p c + £ c a w 
p= 1 p p p= 1 p p p 


To  minimize  C in  an  M/G/l  queue  with  rest  period,  which  queueing 
discipline  (non -preemptive  and  work-conserving)  should  we  choose?  Ihe 
solution  of  this  optimization  problem  (see  [KLEI  76],  Chapter  3)  is  that 
of  all  the  possible  non-preemptive  work-conserving  disciplines,  the  HOL 
discipline  with  the  ordering  given  in  Eq.  (3.39)  below  is  that  which 
minimizes  the  average  cost  given  in  Hq . (3.37). 

If  we  order  without  loss  of  generality  the  customers  such  that 


X1  X2  XN 


(3.38) 


then  the  optimal  ordering  is: 


queue  p > queue  (p-1)  p = 2,  ....  N 


(3.39) 


where  the  sign  > denotes  "higher  priority  than." 

By  the  same  argument,  one  can  easily  show  that  a HOL  discipline 
with  queue  p < queue  (p+l),p=l,2,  . ..,  N - 1,  maximizes  C. 

In  particular,  choose  = 1/A^;  the  higher  the  traffic  is,  the 
lower  is  the  cost  of  delay  in  the  system. 

From  Little's  result,  C is  merely  the  sum  of  the  average  times 


in  system: 


c * E T 
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If  we  want  to  minimize  this  sum,  we  must  then  choose  a HOL  discipline 
that  gives  highest  priority  to  1,  and  lowest  priority  to  N,  if  the 
following  inequalities  hold: 

Pl  <p2<  ...  <PN 


and  a HOL  discipline  with  queue  p < 
will  maximize  C. 

As  another  example,  choose 


queue  (p  + 1) , p = 1 , 


C = x ; C becomes 
P P 


2, 


N - 1 


N 


N 


C = £ PpWp  + £ P 


p=l 


p=l 


P P 


Any  queueing  discipline  solves  minimum  C,  since  by  the  conservation  law, 


C is  constant  with  respect  to  the  queueing  discipline.  This  is  consis- 
tent with  the  fact  that  the  inequalities  (3.38)  become 


1 


3.6  Alternating  Priorities,  N = 2 Users 

We  wish  to  solve  for  the  delay  of  a packet  generated  at  user  i 
when  the  rule  of  selection  among  users  is  AP,  whose  protocol  has  been 
defined  in  Section  3.2.2.  When  the  traffic  is  equally  distributed  among 
all  users  (A.  =^-,i=l,  ...,N),  the  average  delay  is  given  by 
Eq.  (3.27).  When  the  rates  of  packet  generation,  A^  i = 1,  ....  N 
are  not  equal,  solving  for  delay  is  a more  complicated  problem  and  does 
not  seem  to  result  in  explicit  or  closed  forms,  for  N > 2.  Below  we 
analyze  the  particular  case  of  N = 2 users. 


The  Model 

The  scheme  defined  in  Section  3.2.2  is  modeled  as  follows: 

We  deal  with  a single  server  queueing  system  with  arbitrary  rest  period 


I > 

ps 


\ 


denoted  by  T^,  with  distribution  function  Rg(*)>  independent  of  service 

time  and  arrival  processes.  This  queueing  system  serves  several  classes 

of  customers.  Customers  of  class  i arrive  at  points  of  time  generated 

by  a Poisson  process  with  intensity  X^ . A service  time  distribution 

function  B.(*)  is  associated  with  class  i.  Within  a class,  service 
l 

times  are  identically  distributed  and  are  independent  of  each  other  and 
of  other  class  service  time  distribution  functions  and  of  the  arrival 
processes.  Customers  are  selected  in  fi rst-come-first-served  order 
within  classes. 

The  alternating  priorities  discipline  decides  from  which  class 
the  next  customer  is  to  be  selected,  as  follows: 

i)  Choose  the  next  customer  from  the  same  class  as  was  the 
customer  whose  service  was  just  completed,  if  possible. 

ii)  If  there  are  no  more  customers  of  the  same  class,  the 
server  then  chooses  one  from  a different  class  (see  Section  3.2.2)  and 
continues  working  on  that  class  until  the  system  is  empty  of  this  class 
members.  If  there  are  no  customers  at  all  from  which  to  select,  the 
server  becomes  idle  and  goes  for  a vacation  (rest  period)  of  length  Ty. 
At  the  end  of  this  rest  period,  the  server  begins  to  serve  the  customers 
that  have  accumulated  during  his  absence.  If  there  is  no  backlog,  he 
will  immediately  take  another  rest  period.  If  there  is  a backlog,  the 
first  arrival  during  the  rest  period  obtains  the  attention  of  the  server 
for  members  of  his  class. 

For  the  case  of  (N  = 2)  classes,  there  is  no  need  for  an  addi- 
tional rule  to  select  the  next  class  when  the  switch  is  made. 

For  the  case  of  a fixed  size  packet  switching  slotted  system 


i 

' 

t 
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The  model  described  above  differs  from  the  protocol  defined 

in  Section  3.2.2  by  the  rule  of  selecting  a class  when  the  server  finds 
members  of  different  classes  at  the  end  of  a rest  period. 

While  the  model  selects  the  first  arrival,  the  protocol  chooses 
a customer  of  class  1 (or  a customer  of  the  same  class  as  the  one  who 
ended  the  previous  busy  period) . Clearly,  the  former  rule  (first-come- 
first-served)  is  not  easy  to  implement  in  our  distributed  environment. 
However,  let  us  divide  a rest  period  into  minislots  (of  length  t ) and 
make  the  following  assumption,  consistent  with  the  nature  of  the  arrival 
process  (Poisson  process)  when  the  minislot  is  small: 

(A. 11)  At  most,  one  arrival  may  occur  at  any  queue  during  one 
minislot. 

With  this  assumption,  the  server  can  choose  the  class  of  the  first 
arrival  to  start  the  busy  period.  Indeed  if  at  the  end  of  the  minislot 
during  which  a packet  is  generated  at  user  i,  the  carrier  is  absent 
then  queue  i knows  it  has  priority  (the  packet  generated  at  queue  i was 
the  first  to  be  generated  during  the  rest  period) . User  i starts  trans- 
mitting the  carrier  so  that  other  users  upon  packet  generation  (if  any) 
will  detect  the  presence  of  the  carrier  and  therefore  know  they  do  not 
have  priority. 


77 


Average  Delay:  N = 2 


The  following  notation  will  be  used. 

x^  : average  service  time  at  queue  i,  i = 1,  2. 

~2 

x. : second  moment  of  service  time  distribution  at 

i 

queue  i . 

B*(s)  : Laplace-Stieljes  Transform  of  service  time  at 

queue  i . 

T^ : Average  delay  at  queue  i (i.e.,  sum  of  the  average 

service  time  x^  and  the  average  waiting  time  W^) 
S?(s)  : Laplace-Stieljes  transform  of  delay  (service  time 

plus  waiting  time)  at  queue  i. 

and  as  usual. 


R5CS)  : 


input  rate  at  queue  i. 


first  and  second  moments  of  rest  period  distribution 


Laplace-Stieljes  transform  of  the  rest  period. 


The  Laplace-Stieljes  transform  of  time  in  system,  and  therefore 
the  average  delay,  have  been  solved  by  Miller  (MILL  64)  for  a system 
identical  in  all  respects  to  our  model , except  that  there  is  no  rest 
period.  (The  idle  period  ends  with  the  arrival  of  the  first  customer 
who  starts  service  immediately.) 

Using  a similar  approach,  we  solve  for  the  Laplace-Stieljes 
transform  of  delay  (or  time  in  system)  at  each  queue  S?(s)  and  obtain 
the  first  moments,  i.e.,  the  average  delay  T . at  each  queue. 


Definitions 


A cycle  is  defined  as  the  length  of  time  which  elapses  between 
the  beginning  of  a rest  period  and  the  beginning  of  the  following  rest 
period.  The  length  of  a cycle  is  denoted  by  T . The  busy  period 
(time  between  the  end  of  the  rest  period  and  the  end  of  the  cycle)  has 
a length  (which  may  be  zero)  denoted  by  T^ . Type  i cycles  are  the 
cycles  where  the  busy  period  starts  with  a class  i customer  (type  i busy 
period)  ; the  length  of  a type  i cycle  is  denoted  by  T ^ and  the  length 
of  a type  i busy  period  is  denoted  by  T 

Furthermore  a busy  period  is  divided  into  intervals  called 
phases,  the  length  of  which  is  denoted  by  T.,  with  Laplace-Stieljes 

lKj 

transform  (s)  where  T^j  is,  for  class  i customers,  the  length  of 
the  ktl1  sub-busy  period  within  a busy  period  which  started  with  the 
service  of  class  j customers.  We  have 


T . = T + T.  . 
cj  0 bj 


oo  2 

Tbj  -set, 


j = 1,  2 


(3.40) 


k=0  i=l 


ikj 


As  an  example,  consider  a type  1 cycle.  As  depicted  in 
Figure  3.8,  the  busy  period  starts  with  a phase  of  length  T this 
phase  is  a busy  period  for  class  1 customers  who  arrived  during  the 
rest  period.  This  phase  is  followed  by  a phase  of  length  T^j,  which 
is  a busy  period  for  class  2 customers  initiated  by  customers  which 
arrived  during  the  "rest  period"  of  length  T^  + T . 


b)  Type  2 cycle 
Figure  3.8  Examples  of  Cycles 

The  next  phase,  of  length  T^j*  is  a busy  period  for  class  1 
customers  initiated  by  customers  who  arrived  during  the  "rest  period" 
of  length  T211»  etc. 

To  solve  for  the  transform  of  time  in  system  for  class  1 
customers,  S*(s),  it  is  enough  to  solve  for  the  transform  of  time  in 
system  given  they  arrive  in  a type  1 cycle,  denoted  by  S|j(s)  and  for 
the  transform  of  time  in  system  given  they  arrive  in  a type  2 cycle, 
denoted  by  S*2(s)  . 

S*(s)  is  given  by 

S*(s)  = SJjCs) P{Class  1 customer  arrived  during  a type  1 cycle} 

+ S*2 (s) P{C1 ass  1 customer  arrived  during  a type  2 cycle} 

(3.41) 


L.  . 


have  so  far 

defined  the  following  variables: 

T : 
c 

length  of  a cycle. 

T . : 

Ci 

length  of  a type  i cycle  (i  = 1,2). 

V 

length  of  a busy  period. 

Tbi: 

length  of  a busy  period  in  a type  i cycle  (i  = 

1,2). 

Tikj : 

length  of  the  k^  phase  of  class  i customers  (i 
serviced  within  a type  j cycle  ( j = 1 , 2) 

= 1,2). 

R*kjCs): 

Laplace-Stieljes  transform  of  . 

S?(s)  : 

Laplace-Stieljes  transform  of  delay  at  queue  i 

(i  = 1,2). 

S* . (s)  : 
ij 

Laplace-Stieljes  transform  of  delay  at  queue  i 

(i  = 1,2), 

given  that  the  customer  arrived  during  a type  j 
(j  = 1,  2)  . 

cycle 

Laplace-Stiel jes  Transform  of  Delay  at  Queue  i 

Consider  a type  1 cycle  and  a tagged  customer  arriving  at 

queue  1 during  a type  1 cycle. 

i'or  simplicity,  we  will  denote  by  {T.,  the  interval  of 

1KJ 

length  T as  long  as  there  is  no  ambiguity  about  the  instant  when  this 
ikj 

interval  starts. 

If  our  tagged  customer  arrives  during  {T^  + he  will  be 

served  during  More  generally  if  the  tagged  customer  arrives 

during  {t^  + k+J  ^ } he  will  be  served  during  k+1  ^ } , for 

k = 0,  1,  2,  ...  where  of  course  {t2Q1  } = {tq } . 

Now  since  the  arrival  process  is  Poisson,  we  have: 


81 


P customer  arrives  in  {T2kl  + given  ) 


he  arrived  in  a type  1 cycle) 


e{t  } 
1 


We  therefore  have  the  following  relationship: 

SJjCs)  = E s*  (s/k) 

11  k=0  11  e{T  } 


(3.42) 


where  SJ^Cs/k)  denotes  the  transform  of  our  tagged  customer  delay, 
given  he  arrived  in  {T2kl  + Tj  R+1  j}  . But  S^fs/k)  is  the  transform 
of  time  in  system  in  a queue  with  rest  period  which  we  have  solved  in 


Appendix  A.  (See  Eqs.  (A. 23)  and  (A. 39)).  Therefore  we  have 


^1!  (s/k)  = 


B;(S)[1  - R»kl(s)l 

E<T2U  ’ Tl,W,li¥*lW  * 5 - 


(3.43) 


Substituting  Eq.  (3.43)  into  Eq.  (3.42)  we  get 

BUs)  “ 

S*  (s) ± E [1  - RSkl(s)l  (3-44) 

11  E{Tc  + s - Aj]  k=0 


where  R*Q1(s)  = R0^ 


by  similar  derivations,  we  get  for  type  2 cycles: 


sJ2(s)  - 


B*(s) 


E U - R5vo(s)]  (3.45) 

E{TC  Jt^jB^s)  ♦ s - Xj]  k=l 


where  R*^2  defined  as  the  transform  of  + ^212’  w*t*'  sccond  moment 


EUTjjP^EU^.T^p2)  . 
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Since  we  will  never  have  to  consider  either  the  transform  of 


the  interval  of  length  T 2j2  alone  or  its  second  moment,  we  choose  this 
rather  ambiguous  notation.  However,  we  keep  as  the  average  length 

of  the  first  phase  of  service  of  type  2 customers  in  a type  2 cycle. 

It  remains  to  evaluate: 

P{class  1 customer  arrived  during  type  j cycle} 

Since  the  arrival  process  is  Poisson,  this  must  be  equal  to 
the  fraction  of  time  represented  by  type  j cycles,  divided  by  the 
expected  length  of  a cycle  E{Tc} . But  the  fraction  of  time  represented 
by  type  j cycles  is  equal  to  the  expected  length  of  a type  j cycle 
multiplied  by  the  frequency  of  occurrence  of  type  j cycles. 


Thus , we  have 


P{class  1 customer  arrived  during  type  j cycle}  = 


rrhr,  Ehc.) 

— 2- J-  j-1,2 


e{t  } 

C 


(3.46) 


Substitution  of  Eqs . (3.44),  (3.45)  and  (3.46)  into  Eq.  (3.41) 
gives  an  expression  for  the  transform  of  time  in  system  of  our  tagged 


customer : 


S*(s) 


BJ(s)  ( ^ r 

X1  + ^2)E{T(;}[X1BJ(s)  + s - Xj]  \Xl  11  ' R2kl(5)1 

X2  t » - Rk2«l)  1 


(3.47) 


To  evaluate  E{Tc)  we  observe  that  this  is  merely  the  expected  length 
of  a cycle  for  a queue  with  a rest  period.  We  therefore  have  (see 
Eq.  (A. 39)) 


E{T  } = - — — 
c 1 - P 


(3.48) 


•here  P - Ax  - (Xj  * *2)  ( *1  * *2 ) = P1 

The  final  expression  for  S*(s)  is  given  by 


St(s)  = 


B*(s)  (1  - p)  / “ 

1 (Ai  £ 

,B*(s)  + s - XI  \ 1 k=0 


XTqIXjBJCs) 


U - «Jkl(s)] 


00 

' *2  R l*  • R*2U(s>l) 


(3.49) 


We  have  been  unable  to  find  a closed  expression.  The  sums 
appearing  in  Eq.  (3.49)  will  converge  if  p < 1,  since  then  the  busy 
period  will  end  with  probability  one. 

Taking  the  derivative  at  s = 0 of  the  right-hand  side  of 
Eq.  (3.49)  term  by  term,  we  have,  after  some  algebraic  manipulation: 


T = X,  + . J.  - P 

1 2(1  ‘ P?  2AT0(1  - P]) 


OO 

\ E 

L k=( 


' ^kl5  + X2  -p  C12k2^ 

0 k=l 


(3.50) 

where  the  bar  is  used  for  the  expected  value  of  a random  variable. 

This  formula  takes  the  form  of  the  Pollaczek-Khinchin 

relation  plus  an  additional  quantity  which  remains  to  be  evaluated. 

2 ^ 

(T^j)  is  the  square  moment  of  the  k phase  of  service  for 

class  2 customers  given  a type  1 cycle.  These  customers  arrive  either 

in  the  "rest  period"  {t^j}  or  during  the  busy  period  { ^2k  1 ^ ’ 

From  Appendix  A we  know  the  expression  of  the  second  moment  of  the  busy 

period  in  a queue  with  rest  period,  in  terms  of  the  parameters  of  the 

system  (Eq.  (A.  42)).  We  then  have 
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, 2 2 

2 ^2X2  ^2  ; 

C12kl}  = ~ 77T  rikl  + ~ ~T  ^lkP 

(1  - P2)  (1  - P2) 


k > 2 


(T2ii)2  * 7~7T  (To  + Tm>  + ~~77  ^To  + Tn/ 

(i  - p2J  (i  - p2) 


,T201)2  ■ T0 


k = 0 


k = 1 


(3.51) 


Similarly,  we  have 


, 2 2 

2 A2X2  ^2  2 

CT2k2)  = --"  3 T1  k-1  2 + ~ 2 (T1  k 1 2} 

(1  - P2)  ’ ’ (1  - P2)  1,k  1,2 


\ t2 

(T  ,2  . A2X2T0  T0 

(T2123  " ~ 7T  ~ 71 

(1  - P2)  (1  - P2) 


k = 1 


k > 2 


(3.52) 


The  last  equation  is  obtained  by  observing  that  (T212)  is  the  second 
moment  of  the  interval  which  has  been  defined  as  the  union  of  the  rest 
period  {T^}  and  the  first  phase  of  class  2 customers'  service  in  a 
type  2 cycle.  This  is  precisely  the  second  moment  of  the  cycle  (rest 
period  and  busy  period)  in  a queue  with  rest  period  that  we  can  get 
by  taking  the  second  derivative  of  the  cycle  time  transform  (see 


Appendix  A Eq.  (A. 43)).  Similarly  we  get 


(Tlk2) 


, 2 2 

^1X1  Pi  2 

73  T2k2  + TT  (T2k/  k > 2 

U - pj)  (1  - Pj) 


2 ^1X1  Pi  2 

Wni* L-LT  (T0  + T212)  + — 2 (T0  + T212}  k = 1 

(1  - pp-*  (1  - P:)  ° 212 


(T  )2  = T2 
1 102J  *0 


k = 0 


(3.53) 
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^lklJ  - 


(1 


- px)3  2’k-1’1  (1  - Pj)2  2*k-1'1 


_ 2 

72  A r r,^  . T ,2l  Air0Xl 

1 =E[(T»*T>“)J-^T77* 


(T 


111 


k = 1 


(i  - Plr 


(3.54) 


We  wish  to  solve  for  (T  . ) and  £ (T7,_)  • Ec)  (3.51) 

k=0  k=l 


and  Eq.  (3.52)  summed  over  the  indicated  values  of  k will  contain  sums 


of  the  first  moments  of  , namely 


52  > '52 

k=l  K1  k=l 


To  solve  for  the  first  moments  of  T . . , we  will  once  more  observe  that 

lkj 


in  a queue  with  rest  period  (Eq.  (A. 40)), 


T,  = 


b 1 - p 0 

and  apply  this  last  relati  ship  to  each  phase  of  service  of  type  1 
customers  in  either  type  1 cycle  or  type  2 cycle.  We  get,  after 
summing  over  k, 

P,  P, 


E.hu-rA  ,?,T 


k=l 

00 


Pl  kTl  2kl  1 - Pl  0 


(3.55) 


y t = l — v t 

A lk2  1 - p,  A *2 


♦ ^ — T, 


k=l  * P1  “l  2k2  1 * P!  ° 


Similarily  we  get  symmetric  expressions  for  £ T7,  ~ and 

k=l 


Y.  f. ; 


and  by  substituting  the  latter  in  Eq.  (3.55),  we  have 


2 T|kl  • E r 


°1T0 


k=  1 


k=l 


lk2  1 - P 


(3.56) 


which  is  indeed  the  fraction  of  time  the  server  is  busy  with  type  1 

T, 

P 


T 

customers  in  a cycle  ( T^,  = -j — ^ ) . 


E = E 


P2T0 


k-1  ‘2k2  ' ft  2K1  1 - P 


This  is  the  fraction  of  time  in  a cycle  that  the  server  is  busy  with 
type  2 customers.  Summing  over  the  indicated  values  of  k,  Eqs.  (3.51), 
(3.52),  (3.53)  and  (3.54),  substituting  Eq.  (3.56)  we  get  four  equations 


with  four  unknowns  2 (T...)2  (i  = 1,  2 ; j = 1,  2).  By  solving  this 


ikj 


system  in  ^ ^2kP  an^  E ^2k2^  we  eventuaUy  have: 
k k 


T 

2 0 


E = — 

k=0  ^ 


2 2 2 2 

A^U  - PL)  + A^xJ 


2 2 2 2 
(i  - Pl)^d  - p2r  - py2 


♦ T 


1 + 


2 2 


(1  - p.)  (1  - p,)  - p.p 


(3.57) 


and 


E (T2k2)2  - — 2- 

k=  1 z 1 - p 


2 2 2 2 
A2x2(!  - Pj)  + ^1P2xi 


,,  \2  . ,2  22 
(1  - pj)  (1  - P2)  - P:P2j 


2 2 

V1  - pl> 


,,  >2„  > 2 2 2 
(1  - p})  (1  - P2)  - P:P2 


(3.58) 


1 


Substitution  of  Eqs.  (3.57)  and  (3.58)  into  F.q.  (3.50)  finally  gives 


— — 2 2 2 2 
Furthermore,  if  A^  = A,,  = A/2  , Xj  = = s and  = X£  = T^  = s , 

then 

irr^r  (p  = Xs) 

which  is,  as  we  might  have  expected,  consistent  with  Eq.  (3.27). 

3.7  Delay  Variance  under  the  Protocols  AP,  RR  and  RO 

The  analysis  of  Section  3.4  predicted  the  same  average  packet 
delay  under  the  protocols  AP,  RR  and  RO,  provided  that  each  queue  has 
the  same  input  rate.  It  is  therefore  necessary  to  look  for  higher 
moments  of  the  delay  distribution  in  order  to  compare  these  three 
protocols  in  terms  of  delay. 

The  delay  variance  under  these  protocols  has  been  obtained  from 
simulation  only.  It  turns  out  that  the  variance  is  only  slightly  dif- 
ferent from  one  scheme  to  the  other,  as  shown  in  Figures  3.9,  3.10  and 
3.11  below . 

In  the  first  two  figures,  the  delay  variance  (expressed  in 

2 

(slots)  ) is  plotted  versus  the  total  input  rate  normalized  with  respect 
to  a slot  (i.e.,  p) , respectively  for  N = 2 users  and  N = 5 users. 

The  delay  variance  under  three  special  disciplines  in  a slotted 
system  are  also  plotted: 

First-come-first-served  (FCFS) 

Random  order  of  service  (ROS) 

Last-come-fi rst-served  (LCFS) 

The  first  system  is  a special  case  of  FCFS  M/G/l  queue  with  rest 
period.  In  Appendix  A,  we  give  the  delay  variance  in  such  a queueing 
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system  [Eq.  (A. 34)].  In  the  particular  case  of  a slotted  system  we 
have : 

VARpcpg(A)  = vARpcpg + yi  in  number  of  slots 


where  the  first  term  of  the  right  hand  side  is  the  variance  of  delay  in 

a regular  FCFS  M/G/l  queue  with  deterministic  service  time  equal  to  1 

slot  and  the  second  term  is  the  variance  of  the  residual  life  of  a slot. 

The  second  system  is  a special  case  (slotted  system)  of  an 

M/G/l  queue  with  rest  period  and  random  order  of  service (ROS) . The 

latter  system,  by  the  conservation  law,  provides  the  same  average  delay 

as  the  former  system.  In  Appendix  B we  study  this  M/G/l  system  with 

rest  period  and  ROS  and  derive  the  second  moment  of  the  waiting  time 
~ 

denoted  by  wRq-  The  main  result  of  that  derivation  is 

— 7 

2 _ WFCFS 

RO  ' p 
1 ' 2 


2 

where  WpCpS  is  the  second  moment  of  a FCFS  M/G/l  queue  with  rest  period. 

This  is  precisely  the  relationship  found  in  [TAKA  63]  between 

the  second  moments  of  the  waiting  time  in  a regular  M/G/l  queue  with 

random  order  of  service  and  in  a regular  FCFS  M/G/l  queue. 

The  third  special  discipline,  last-come-first-served  (LCFS) , 

provides,  by  the  conservation  law,  the  same  average  delay  as  FCFS  and 

ROS.  It  is  easy  to  show  (see  Appendix  C)  that  the  second  moment  of  the 

~2  ~~2 

waiting  time,  denoted  by  WLCps  is  related  to  Wpcps 


— hi 

2 FCFS 

”lcfs  = 1 - p 
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This  is  precisely  the  relationship  found  in  [TAKA  63]  between  the 
second  moments  of  the  waiting  time  in  a regular  (no  rest  period)  LCFS 
M/G/l  queue  and  in  a regular  FCFS  M/G/l  queue. 

~2  T 

In  Summary,  the  following  relationship  between  WFCFS»  WRQ, 


LCFS 


holds  for  the  M/G/l  queue  with  rest  period  as  well  as  for  the 


regular  (without  rest  period)  M/G/l  queue. 


WFCFS  = ^ 2^WR0  ^ P^LCFS 


(3.61) 


Kingman  showed  that  under  a work-conserving,  non-preemptive 
queueing  discipline  (independent  of  the  service  time)  in  a G/G/l  queue 
(without  rest  period)  the  variance  of  the  waiting  time  is  not  less  than 
under  the  FCFS  discipline  [KING  62].  Recently,  Vasicek  [VASI  76]  showed 
the  following  interesting  and  general  result. 

Theorem: 

The  expected  value  of  any  convex  function  of  the  waiting  time 
(such  as  the  variance)  in  a general  single-server  queue  under  a general 
queueing  discipline  (independent  of  the  service  time)  does  not  exceed 
that  under  the  LCFS  discipline,  and  is  not  less  than  that  under  the 
FCFS  discipline. 

It  is  easy  to  show  that  the  same  result  holds  for  an  M/G/l 
queue  with  rest  period.  Let  us  apply  the  Kingman  argument  to  an  M/G/l 
with  rest  period  to  show  that  the  variance  of  the  waiting  time  is  not 
less  than  under  the  FCFS  discipline.  Using  the  same  type  of  argument 
we  then  show  that  the  variance  of  the  waiting  time  does  not  exceed  that 
under  the  LCFS  discipline. 

Consider  the  customers  c ^ , ...,  c^,  who  are  served  in  any  one 
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particular  busy  period.  Suppose  arrives  at  time  ti  and  has  a waiting 

time  w^;  if  the  instants  when  the  server  begins  to  serve  a new  customer 

are  s^  , there  exists  a permutation  R(j)  of  (1,  2,  ....  n)  such  that 

c„,.. enters  service  at  s.  and  then 
R(j)  J 


wR(j)  ' Sj  ’ Vj) 


lR(k)  i sk 


k = 1,  2,  . . . , n 


r 


The  effect  of  the  queueing  discipline  is  to  determine  R(j).  The  average 
waiting  time  over  this  particular  busy  period  is 


i n 

w = - V (s.  - 

n j _ j J R(j) 


) = s - t 


where  s and  t are  the  averages  over  the  busy  period  of  the  instants  when 
the  server  begins  to  serve  a new  customer  and  of  the  arrival  times, 
n 


2 1 v'  , _ ,2 


2 «-2  2 V «=  t 

s ♦ t - - E yR(j) 
T . 


Therefore,  w is  independent  of  R(j).  w*-  is  least  when  s.t  ....  is 

-j  n i = l J 

maximum:  v is  maximum  when  s.t.,.,  is  minimum.  It  is  well  known 

i=l  J R0) 

[HARD  34]  that  this  occurs  respectively  when  the  sets  and  tR^  are 
respectively  similarly  ordered  and  in  reverse  order.  Therefore  the 
R( j)  permutation  is  respectively: 

Rj(j)  = (1,  2,  ...»  n)  which  corresponds  to  FCFS,  and 


1 ; t.  < s . ] , 
i — j 1 


R2(j)  = max  [i  9 i J R2(k),  k = 1,  2,  ....  j 

j = 1,  2,  ...,  n 

which  corresponds  to  LCFS. 

If  we  now  average  over  a large  number  of  busy  periods,  we  see 
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that  the  mean  waiting  time  is  independent  of  the  queueing  discipline, 
while  the  variance  attains  its  minimum  when  customers  are  served  in 


r 


? 


r i 


\ ' 


order  of  arrival,  and  attains  its  maximum  when  customers  are  served  in 
reverse  order  of  arrival. 

In  Figure  3.11,  the  delay  variance  normalized  with  respect  to  s 
and  obtained  by  simulation  under  AP,RR  and  RO,  is  plotted  versus  the 
number  of  users  N for  a value  of  p=  0.6. 

When  N increases,  the  smallest  variance  is  to  be  expected 

under  AP  and  the  largest  under  RR,  the  difference  between  the  two  being 

2 

less  than  1 (slot)  , while  the  variance  under  RO  converges  to  that  of  a 

/ 

M/G/l  queue  (slotted)  with  random  order  of  service;  this  result  was  to 
be  expected  since  when  N is  very  large,  there  is  at  most  one  packet 
waiting  at  each  user.  Therefore,  to  select  at  random  which  of  the 
(non-idle)  users  will  transmit  a packet  is  equivalent  to  selecting 
randomly  one  packet  among  all  packets  present  in  one  queue. 

We  may  thus  conclude  that  the  three  protocols  are  quite 
equivalent  in  terms  of  throughput  delay  performance.  This  is  no  longer 
true,  when  the  input  rate  is  not  the  same  at  all  users.  In  Figure  3.12 
we  take  an  example  of  N=2  users  and  plot  the  average  packet  delay 
(expressed  in  slots)  at  user  2 versus  user  2’s  input  rate  p0  (packets/ 
slot)  for  various  values  of  user  l's  input  rate  p^  under  AP,RR  and  RO. 

First  we  observe  that  if  p^  = p., , the  three  protocols  provide 
the  same  delay.  This  we  know  from  Section  3.4  (see  Eq.  (3.27)).  When 
f>2  < Pj,  RR  and  AP  provide  respectively  the  smallest  delay  and  the 
largest  delay  at  user  2.  But  from  the  conservation  law  (see  Eq.  (3.12)) 
any  attempt  to  modify  the  queueing  discipline  so  as  to  reduce  W^  will 
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Figure  3.12.  N » 2 Users:  Effect  of  User  2's  Input  Rate  on  User  Vs  Performance. 
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force  an  increase  in  in  a way  which  balances  the  result.  Therefore, 
when  , the  delay  at  user  1 is  the  largest  under  RR  and  the  short- 

est under  AP. 

A queueing  discipline  is  said  to  be  fair  if  it  provides  shorter 
delays  to  users  with  smaller  input  rate.  Thus  RR  is  fairer  than  RO  and 
AP  since  among  the  three  protocols,  RR  is  :he  one  which  provides,  as  we 
might  have  intuitively  expected,  the  shortest  delay  to  the  user  with  the 
smallest  input  rate. 

When  p£  > Pj,  the  situation  is  reversed  (see  Figure  (3.12)). 

AP  provides  the  shortest  delay  at  user  2 (and  therefore  the  largest  de- 
lay at  user  1)  while  RR  provides  the  largest  delay  at  user  2 (and 
therefore  the  shortest  delay  at  user  1). 

From  the  solution  of  the  optimization  problem  studied  at  the 
end  of  section  (3.5),  it  is  clear  that,  if 

Pi  £ p2  1 •••  1pn 

the  fairest  discipline  is  the  HOL  discipline  that  gives  to  user  p 
higher  priority  than  user  p + 1,  p = 1,  2,  . ...  N - 1. 

Let  us  now  compare  the  performance  of  AP,  RR  and  RO  to  that 
of  existing  multiple  access  schemes. 


3. 8 Comparison  with  F.xisting  Techniques 

In  Chapter  1,  we  described  a certain  number  of  existing  tech- 
niques of  multiple  access  over  a ground  radio  channel.  The  delay 
throughput  performance  of  these  has  been  compared  in  Figures  1.2  and  1.3. 

The  best  access  modes  appeared  to  be  slotted  non-persistent 
CSMA,  Polling,  and  the  reservation  scheme  referred  to  as  CS  SkmA. 


98 


Depending  on  the  environment  and  the  system  parameters,  one  scheme  is 
more  suitable  than  the  others. 


r 


!In  Figures  3.13,  3.14  and  3.15,  we  plot  the  average  packet 
delay  normalized  with  respect  to  the  packet  transmission  time  versus 
the  throughput  for  CSMA,  Polling,  CS  SRMA  and  for  our  new  schemes  (AP, 
RR  and  RO) . 


i 


As  in  our  comparative  study  of  existing  techniques  (Chapter  1) 
the  following  parameters'  values  have  been  chosen: 

The  ratio  of  the  maximum  propagation  time  over  the  packet 
transmission  time  is  a = .01.  The  ratio  of  the  request  packet  length 
over  the  information  packet  length  in  CS  SRMA  has  been  chosen  to  be 
n = .01.  One  minislot  is  assumed  to  be  enough  to  transmit  a polling 
message  so  that  the  polling  time  r (see  Chapter  1)  is: 

r = 1 + 2 = 3 minislots 

As  an  example,  consider  1000  bit  packets  transmitted  over  a channel 
operating  at  a speed  of  100  kilobits/second.  If  the  maximum  distance 
between  the  source  and  destination  is  20  miles,  then  a - .01.  The 
request  packet  in  CS  SRMA  has  a length  of  10  bits.  The  slot  size  in 
Polling  is  equal  to  the  maximum  propagation  time  (one  minislot),  thus 
the  polling  message  has  a length  of  10  bits. 

Figure  3.13  depicts  an  example  of  performance  for  N = 10  users. 
The  number  of  users  being  small,  the  channel  capacity  achieved  under 
AP,  RR  and  R0  is  close  to  1 (.91)  and  the  delay  under  those  protocols 
is  slightly  larger  than  that  under  Polling,  for  all  values  of  the 


throughput  rate.  At  very  light  traffic,  however,  the  delay  is 
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which  upon  generation  finds  the  system  empty  must  wait,  on  the  average, 
for  half  a slot  before  starting  transmission,  while  under  Polling  such  a 
packet  would  be  delayed,  on  the  average,  only  by  the  time  taken  to  poll 
half  the  number  of  queues;  this  time  is  much  less  than  half  of  a large 
slot  (in  Polling,  the  slot  size  is  much  smaller,  being  on  the  order  of 
the  maximum  propagation  time  x) . 

Let  us  now  compare  AP,  RR  and  RO  to  CSMA.  In  Figure  3.13  we 
plot  the  CSMA  performance  predicted  by  the  infinite  population  model 
[KLEI  75B ] . As  mentioned  before  (see  Section  1.2.4),  it  was  shown  in 
[TOBA  76C]  that  the  performance  predicted  by  this  model  is  a very  good 
approximation  to  the  performance  of  N = 10  buffered  users  contending  for 
the  channel  under  CSMA.  We  note  from  Figure  3.13,  that  at  light  traf- 
fic, CSMA  provides  the  shortest  delays.  But  when  S is  greater  than  .5, 
the  new  schemes  perform  much  better  than  CSMA. 

CS  SRMA  performance  has  not  been  plotted  in  Figure  3.13  since 
the  model  that  predicted  this  performance  is  not  suitable  for  a small 
number  of  queues.  Indeed  when  N is  small,  buffering  capabi litites  are 
needed  at  each  user;  the  CS  SRMA  model  assumes  that  a user  cannot 
generate  a new  packet  when  it  is  already  in  the  process  of  transmitting 
a packet. 

In  Figure  3.14,  a = .001.  Even  for  a more  significant  number 
of  users  (N  = 50),  AP,  RR  and  RQ  provide  a performance  comparable  to 
that  under  Polling  or  CS  SRMA.  We  did  not  plot  the  performance  of 
CS  SRMA  predicted  by  the  infinite  population  model  [TOBA  76A]  for  the 
sake  of  clarity,  since  it  lies  between  that  of  Polling  and  that  of  the 
new  schemes.  The  performance  of  CS  SRMA  (unstable  channel:  no  steady 
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state  over  an  infinite  time  horizon)  is  likely  an  upper  bound  for  the 
steady  state  performance  (stable  channel)  for  N = 50  users,  which  per- 
formance has  not  been  studied.  However,  under  heavy  traffic  conditions, 
the  infinite  population  model  performance  is  very  accurate.  The  same 
remark  holds  for  CSMA  (the  steady  state  performance  of  which  has  been 
studied  [TOBA  76B]  but  was  not  available  for  N = 50  and  a = .001). 

Now  comparing  AP,  RR  and  RO  to  CSMA,  we  note  from  Figure  3.14, 
as  might  be  expected,  that  at  light  traffic,  CSMA  provides  the  shortest 
delays.  Under  heavy  traffic  conditions,  the  new  schemes  perform 
better  than  CSMA. 

In  the  last  example  (Figure  3.15)  we  choose  N = 50  and  a = .01. 

The  delay  is  significantly  higher  under  the  new  protocols.  At  very 

small  traffic  (S  - 0) , the  delay  is  1.5  slots,  i.e.,  2.25  in  number  of 

packet  transmission  times  since  the  overhead  in  each  slot  is  Na  = .5; 

and  this  gives  1.5  slots  times  1.5  packet  transmission  times/slot  = 2.25. 

The  capacity  of  the  channel  is  only  2/3,  while  it  is  .84  for  CSMA 

[TOBA  76B] , greater  than  .9  for  CS  SRMA  and  1 for  Polling.  When  the 

traffic  is  not  too  high  CS  SRMA  provides  a better  performance  than 

N r3 

Polling,  for  which  the  delay  due  to  polling,  proportional  to  gy- 

(Eq . (1.3))  is  very  significant.  This  trend  will  increase  with  N,  the 
number  of  users.  However  when  N is  very  large,  one  may  hypothesize 
higher  delays  under  CS  SRMA  than  that  predicted  by  the  infinite  popu- 
lation model,  since  in  order  to  have  a stable  channel  the  retransmission 
time  of  a conflicted  request  must  be  increased. 

In  conclusion,  for  a small  number  of  users*,  AP,  RR  and  RO 


In  particular,  when  the  product  Na  is  small.  A typical  value  is 
Na  < .1,  e.g.,  N = 10,  a = .01  or  N = 20,  a = .005. 
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THROUGHPUT  S 


Figure  3.15.  D vs  S : Comparison  to  Existing  Techniques 

(N  = 50.  a = .01) 


provide  a high  channel  capacity  (C  = > *9)  and  a delay-throughput 

performance  close  to  that  obtained  with  Polling.  The  new  protocols  are 
particularly  suitable  for  multiple  access  from  a small  number  of  buf- 
fered users  without  the  control  from  a central  station  (Figure  3.13). 

When  all  users  are  very  close  to  each  other  (a  small,  e.g., 
a = . 001) , AP,  RR  and  RO  accept  a significant  number  of  users  (N  <_  50) 
without  performance  degradation  and  under  heavy  traffic  conditions  the) 
perform  as  well  as  CS  SRMA  and  Polling  and  better  than  CSMA  (Figure 
3.14).  But  Polling  does  not  require  all  users  to  be  in  line  of  sight 
and  in  range  of  each  other.  However  the  new  schemes,  as  CSMA,  have  the 
advantage  of  not  requiring  the  control  from  a "master"  user  (central 
station)  while  Polling  and  CS  SRMA  do. 

When  a is  not  too  small  (a  = .01)  the  performance  degrades 
with  the  number  of  users.  Indeed  in  each  slot,  the  overhead  is  propor- 
tional to  the  number  of  users.  In  the  following  chapter,  we  modify  the 
protocols  so  as  to  decrease  the  overhead  in  order  to  reduce  the  perfor- 
mance degradation. 
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CHAPTER  4 


RANDOM  ORDER  WITH  ALOHA  CONTENTION 


When  the  number  of  users  increases,  we  observe  a degradation  of 
the  del ay -throughput  performance  with  the  multiple  access  modes  studied 
in  Chapter  3.  This  degradation  is  due  to  the  large  overhead  existing  in 
each  slot,  which  is  equal  to  N minislots.  This  suggests  the  following 
modification  of  the  slot  configuration  and  of  the  protocols  described  in 
Chapter  3 so  as  to  reduce  the  overhead. 

If,  in  each  slot,  at  most  M attempts  (M  < N)  are  made  to  find 
a busy  user,  then  the  overhead  is  only  M minislots  long  and  the  channel 
capacity  is 


C = 


1 + Ma 


(4.1) 


instead  of  C = 1/1  + Na  (Eq.  (3.3)).  Under  heavy  traffic  conditions, 
the  probability  of  finding  no  busy  user  after  M attempts  in  a given  slot 
is  very  small,  and  we  get  a performance  (with  M < N)  better  than  that 
obtained  in  Chapter  3 since  we  can  achieve  a higher  throughput  (see 
Eq.  (4.1)).  However,  at  light  traffic  the  probability  of  choosing  M 
idle  users  is  high.  Thus,  if  after  M unsuccessful  attempts  (M  idle 
users),  we  choose  to  wait  until  the  next  slot  (we  waste  a slot),  we 
penalize  any  busy  users  among  the  (N  - M)  remaining  ones  (with  the 
schemes  of  Chapter  3 one  of  them  could  have  transmitted  a packet  in  the 
current  slot)  and  therefore  we  increase  the  delay  performance  under 
light  traffic  conditions. 
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In  order  to  avoid  this  high  delay  performance  at  light  traffic, 
we  introduce  the  following  technique:  The  N users  are  split  in  k groups 

(M  + k < N).  After  M unsuccessful  attempts,  one  among  the  k groups  is 
chosen.  All  busy  users*  in  this  group  will  transmit  their  packet  in 
the  current  slot.  As  in  slotted  ALOHA,  if  more  than  one  user  (among  the 
N/k  users  of  this  group)  is  busy,  there  is  a collision,  and  those  (busy) 
users  must  retransmit  their  packet  in  a later  slot.  If  only  one  user  is 
busy,  his  packet  is  successfully  transmitted.  Finally,  if  all  users  of 
the  group  are  idle,  then  we  choose  another  disjoint  group  of  users  who 
operate  as  above,  etc. 

With  this  technique,  we  obtain  a much  better  throughput-delay 
performance  than  that  obtained  in  Chapter  3.  In  particular,  the 
capacity  of  the  channel  is 


C = 


1 

1 + (M  + k)a 


(4.2) 


However,  the  improved  performance  is  still  lower  than  that  of  the 
existing  multiple  access  schemes  (e.g.,  CSN1A  and  Polling)  when  N is 
large  (N  > 100). 

Since  AP,  UR  and  RO  are  equivalent  in  terms  of  del  ay- throughput 
performance  (same  average  delay  (Eq.  (3.27))  and  their  normalized  delay 
variances  are  close  to  each  other  (Figure  3.11)),  we  choose,  without 
(much)  loss  of  generality  to  study  the  Random  Order  mode  (RO)  throughout 
this  chapter.  The  modified  protocol  is  described  in  Section  4.1.  The 
same  technique  could  have  been  applied  to  AP  or  RR.  In  Section  4.2  we 
present  the  delay-throughput  performance  obtained  by  simulation  for 


* 


users  who  have  at  least  one  packet  ready  for  transmission 
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various  values  of  M a>'d  k (number  of  groups  of  users  contending  for  the 
channel  in  a slotted  ALOHA  fashion). 


4.1  \ Protocol 

The  protocol  considered  below  is  not  conflict-free,  since  in  a 
given  slot,  after  M unsuccessful  attempts,  users  contend  for  the  channel 
in  a slotted  ALOHA  fashion. 


Slot  Configuration 


Each  slot  consists  of  three  parts  (Figure  4.1): 


Figure  4.1.  Slot  Configuration. 


1)  an  overhead  of  M + k - 1 minislots*,  followed  by 

2)  the  packet  transmission  time  of  length  T,  followed  by 

3)  one  minislot  (propagation  time). 

All  users  are  synchronized  and  may  start  transmission  of  the  carrier 
only  at  the  beginning  of  a minislot,  and  all  users  may  start  the 
— 

as  defined  in  Chapter  3. 
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transmission  of  the  (data)  packet  only  at  the  beginning  of  the  second 
part  of  the  slot,  i.e.,  M + k - 1 minislots  after  the  beginning  of  a 


slot. 


As  in  Section  3.2.4,  in  a given  slot  the  N users  are  random!) 


ordered  in  sequence.  If  the  resulting  random  ordered  sequence  in  the 

current  slot  is  u^,  u^,  . ..,  uN>  then  user  u^  has  highest 

priority,  and  the  lowest  order  user  is  u^. 

If  user  Uj  has  a packet  to  transmit,  he  starts  sending  the 
carrier  (with  no  modulation)  at  the  beginning  of  the  slot.  If  Uj  is 
idle  he  remains  quiet,  and  after  one  minislot  user  u.,  knows  that  u^  is 
idle  (carrier  absent).  If  u?  has  a packet  ready  for  transmission,  he 
starts  sending  the  carrier  at  the  beginning  of  the  second  minislot,  etc. 

Until  now,  the  technique  is  identical  in  all  ways  to  the 
Random  Order  (RO)  multiple  access  technique  studied  in  Chapter  3;  in 
particular  all  system  assumptions  and  operational  features  defined  in 
Chapter  2 and  in  Sections  3.1  and  3.2.4  hold.  The  protocol  described 
below  differs  from  RO  as  follows: 

If  after  M attempts,  we  do  not  find  a busy  user  (i.e., 

Uj , ...,  u^  are  idle)  then  a group  of  users  is  selected  randomly  among 
k disjoint  groups,  the  union  of  which  is  the  set  of  the  N users;  e.g., 
each  group  contains  l^-l  users*  except  the  last  one  which  contains 


N - (k  - 1)  users.  All  busy  users  of  this  selected  group  know  that 

the  channel  is  idle  (carrier  absent  for  (M  - 1)  minislots),  and  trans- 
mit their  packet  in  the  given  slot.  (If  more  than  one  user  transmits, 

* I N | N 

where  represents  the  integer  part  of  . 


they  collide  and  must  retransmit  their  packet  the  next  time  they  are 
selected.)  If  none  of  these  users  has  a packet  ready  for  trans- 
mission, another  group  is  chosen,  the  users  of  which  know  that  the 
channel  is  idle  (carrier  absent  for  M - 1 + 1 = M minislots)  and  may 
transmit  in  this  slot,  etc.  If  after  k successive  attempts  (i.e.,  a 
total  of  M + k attempts  in  this  slot),  the  carrier  is  absent,  then  all 
users  are  surely  idle;  the  slot  is  unused  and  all  users  wait  until  the 
next  slot. 

Let  us  denote  by  g^  , g^,  . ..,  g^  the  k groups  into  which  the 
N users  are  split,  e.g.. 


81  = U[N/kjJ  8k.  ^U(k-1)  (_N/kJ  + i ’ V 

In  each  slot,  the  k groups  are  randomly  ordered  as  were  the  N 
users  (see  Section  3.2.4),  i.e.,  each  user  generates  the  same  sequence 
of  pseudo- random  numbers  between  1 and  k,  and  this  invokes  the  same 
FIFO  queue  of  random  numbers;  we  now  have  at  each  user  two  random 
numbers  queues:  one  for  the  users  as  in  Section  3.2.4,  called  the 

"users-queue"  and  one  for  the  k groups,  called  the  "groups -queue." 

The  head  (i)  of  the  groups-queue  represents  the  group  g.  to  whom  the 
slot  is  assigned  (if  the  M first  users  selected  are  idle).  If  all  users 
of  group  g.  are  idle,  then  i is  deleted  from  the  groups-queue,  and  the 
new  head  j represents  the  group  g.  of  users  to  whom  the  slot  is  assigned 
if  the  first  M users  and  all  users  of  group  g.  are  idle,  etc. 
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I'rotoco  I : 

(1)  llu'  highest  orilor  user*  in  the  current  slot  need  not  sense  the 
clt.'innel  ;ind  synchronizes  his  pocket's  transmission,  it’  any,  as 
fo  1 lows : 

(i)  At  the  beginning  of  the  slot  he  begins  transmission  of 
the  carrier. 

(ilj  (M  + k - 1)  minislots  later  he  transmits  the  packet. 

(2)  The  i user  in  sequence^  ( 1 <_  i <_  M)  in  the  current  slot, 
senses  the  channel  for  the  first  (i  - 1)  minislots. 

(i)  If  no  carrier  is  detected  after  (i  - 1)  minislots,  he 
synchronizes  his  packet's  transmission,  if  any,  as 
follows : 

a)  At  the  beginning  of  the  i minislot  he  begins  trans- 
mission of  the  carrier, 

b)  (M  + k - i)  minislots  later  he  transmits  the  packet. 

(ii)  Otherwise  fusers  idle  or  carrier  detected  earlier)  he 

waits  for  the  next  slot  and  then  operates  as  above, 
th  § 

(3)  All  users  of  the  i group  in  sequence  (1  < j < k)  in  the 
current  slot,  sense  the  channel  for  the  first  (M  - 1 + j) 
minis  lots . 

(i)  If  no  carrier  is  detected  after  (M  - 1 ♦ j)  minislots, 
all  busy  users  of  the  group  synchronize  their 

_ 

represented  by  the  head  of  the  (FIFO)  users-queue 

*The  i*'1  user  in  sequence  is  represented  by  the  i^  number  in  the  (FIFO) 
users-queue,  starting  from  the  head  of  the  queue. 

JThe  j**1  group  in  sequence  is  represented  by  the  j**1  number  in  the  FIFO 
groups-queue , starting  from  the  head  of  the  queue. 


Ill 


packet's  transmission  as  follows: 

a)  At  the  beginning  of  the  (M  + j)th  minislot*,  they 
begin  transmission  of  the  carrier, 

b)  (k  - j)  minislots  later*  they  transmit  their  packet, 
(ii)  All  idle  users,  as  well  as  all  busy  users  if  the  carrier 

was  detected  earlier,  wait  for  the  next  slot  and  then 

J. 

operate  as  above ' . 

(4)  Before  the  end  of  the  current  slot,  all  users  update  their 
priority,  i.e.,  take  the  following  actions: 

(i)  Generate  a pseudo-random  permutation  of  1,  2,  ...,  N; 

The  resulting  sequence  in  the  FIFO  users-queue  (the 
same  for  all  users)  gives  the  priority  order  of  the  M 
users  for  the  next  slot. 

(ii)  Generate  a pseudo-random  permutation  of  1 , 2,  ...,  k; 

Hie  resulting  sequence  of  numbers  in  the  FIFO  groups- 
queue  (the  same  for  all  users)  gives  the  priority  order 
of  the  k groups  for  the  next  slot. 

Before  studying  the  throughput -del ay  performance  obtained  under  this 
protocol,  let  us  evaluate  the  channel  capacity. 

Observe  first,  that  despite  the  possible  collisions  among  users 
of  a same  group  (when  the  first  M selected  users  are  idle)  , the  channel 
never  drifts  into  saturation,  and  a maximum  throughput  S = 1 packet 

"*  th  . , . . 

The  k group's  users  transmit  their  packet  right  away  (it  no  carrier 

is  detected  after  (M  + k - 1)  minislots). 

^ Among  the  users  of  the  j**1  group  in  sequence,  some  (idle)  users  may 
have  been  selected  in  Step  2.  If  meanwhile  a packet  was  generated  at 
those  users,  they  compete  with  other  users  of  the  group. 
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per  slot  is  achievable  (with  infinite  delays).  Indeed,  when  the  input 
rate  S is  close  to  one  packet  per  slot,  the  probability  that  the  first 
M selected  users  are  idle  is  close  to  zero;  a busy  user  will  eventually 
be  selected  within  the  M attempts.  This  user  will  successfully  trans- 
mit his  packet. 

Then  the  channel  capacity  is 
S 

„ _ max _ 1 

1 + (M  + k) a 1 + (M  + k) a 


since  in  each  slot,  an  overhead  of  (M  + k)  minislots  is  wasted  for 
packet  transmission.  By  setting  k = 0,  we  obtain  the  channel  capacity 
(Hq.  (4.1))  of  the  protocol  mentioned  at  the  beginning  of  this  chapter. 
With  this  protocol,  a given  slot  is  wasted  if  after  M attempts  no  busy 
user  was  found  (no  ALOHA  contention) . 

4 . 2 Throughput -Del ay  Performance 

in  the  introduction  of  this  chapter,  it  was  pointed  out  that 
by  reducing  the  number  of  attempts  M to  find  a busy  user  in  a given  slot, 
the  overhead  in  each  slot  is  reduced  and  therefore  the  channel  capacity 
is  increased  (Hq.  4.1).  However,  it  was  mentioned  that  one  consequence 
of  this  overhead  reduction  was  an  increase  of  the  packet  delay  under 
light  traffic  conditions.  'Hie  smaller  M is,  the  larger  is  the  channel 
capacity,  but  the  larger  is  the  packet  delay  under  light  traffic.  Let 
us  evaluate  the  packet  delay  I)  at  any  user  when  the  total  input  rate  S 
is  close  to  zero  (for  k = 0) . We  easily  show  that 

D = (slots)  (4.3) 
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when  S = 0,  assuming  as  in  Chapter  3 that  all  user  packet  arrival 
processes  are  statistically  identical  (Poisson  with  intensity  A/N)  . 


To  obtain  Eq.  (4.3)  let  us  evaluate  (when  the  input  rate  A is 
very  small)  the  probability  Pf  that  a slot  is  wasted,  given  there  is 
at  least  one  busy  user.  We  have 


p = £ p(i  users  arc  busy  and  the  M selected 
J i = l users  are  chosen  out  of  the  (N  - i ) 

idle  users }/l’{at  least  one  user  is  busy} 

N-M 

. y x p (the  M users  are  chosen  out  of  the  (N  -i))  x „ 
(idle  users  / i out  of  N users  are  busy  f * i 
- - 

£ C 


where  P.  - P{i  out  of  N users  are  busy) 
a 


P = y n _ i x N - A..-.-1-  x 

L A-  N N - 1 

1 = 1 


N - i - M + 1 / y. 

N - M + 1 i / A 
/ i — I 


since  the  users  are  ordered  randomly.  Then 

tp  (N ; ")  /« 

IW  VS  "> 


Assuming  that  at  very  light  traffic  (A  a 0) , the  events  fuser  j busy} 
j = 1,  ...,  N are  independent  of  each  other,  we  obtain  the  following 


expression  for  P. 


i-d)-1 


(i  - p) 


where  p is  the  probability  that  any  user  is  busy. 
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The  smaller  A is,  the  better  is  the  previous  assumption.  Then, 

i = L ( : ) p (i  - p)  / i - (i  - p) 

i = l 

n ,,  V/N  - M \ i,.  .N-M-i  / ,,  ,N 

l’L  = d - P)  L \ t ) P C1  - P)  / 1 - (1  - P) 


(1  - p)M  - (1  - p)N 
1 - (1  - P)N 


Since  A is  close  to  zero,  so  is  p and  we  can  write 


_ 1 - Mp  - (I  - Np)  + 0(p) 
Np  + 0(p) 


PL  • 1 - if + 0(p) 


(4.4) 


where  0(p)  is  such  that 


lim  = 0 


Therefore,  in  the  limit,  when  A = p = 0,  the  probability  of  loss  is 


PL  = 1 ' N 


(4.5) 


Eq.  (4.5)  may  be  directly  obtained  by  observing  that  the  probability 
that  a packet  which  upon  arrival  finds  the  system  empty  (all  users  idle 
except  one  user  who  has  one  packet  ready  for  transmission)  will  not  be 
transmitted  in  the  next  slot,  with  probability 


P - N - 1 ~ N - 2 ...  „ N - M 

L N N - 1 N-M+l 


where  the  i*"*1  factor  is  the  probability  that  at  the  ith  attempt 
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(1  < i < M) , an  idle  user  is  selected.  Therefore 


P = 1 - — 
L N 


Knowing  PL>  we  easily  get  the  expected  delay  D when  A = 0 . 

The  latter  is  composed  of  two  parts:  The  first  part  is  1/2  slot,  which 

is  the  average  time  elapsing  from  the  packet  arrival  instant  until  the 
beginning  of  the  next  slot;  the  second  part,  denoted  by  x,  is  the 
expected  value  of  the  number  of  slots  x it  takes  for  the  user  j (where 
the  packet  was  generated)  to  be  selected.  Recall  that  since  1=0,  the 
packet  generated  at  user  j will  eventually  be  transmitted  before  any  new 
packet  is  generated.  Then 

.k-1 


P{x  = k}  = (1  - >’L)  k = 1 , 2,  3,  . . 


and 


then 


b{x}  = X = T— 


1 - P,  M 


,,  1 — 1 N 

U = 2 + X " 2 + M 


In  conclusion,  at  very  light  traffic,  the  closer  M is  to  N,  the 
lower  is  the  delay.  But  to  increase  the  channel  capacity,  we  require  a 
small  value  of  M,  and  thus  we  expect  a large  value  of  D.  This  is  why 
the  protocol  with  ALOHA  contention  described  in  the  previous  section  was 
introduced.  With  this  protocol,  even  with  a very  small  value  of  M,  we 
now  have,  at  A = 0: 


(4.6) 
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Indeed,  with  this  protocol,  when  X = 0,  a packet  finding  an 
empty  system  upon  arrival  will  eventually  he  transmitted  in  the  slot 
following  its  arrival.  With  increasing  values  of  the  input  rate  X,  how 
is  the  average  delay  expected  to  behave  with  the  new  protocol? 

If  M is  small,  at  larger  values  of  the  input  rate  (e.g.,  N = 50, 
M = 5,  S = 0.5  packets/slot),  the  probability  is  intuitively  high  that 


in  a given  slot,  no  busy  user  is  found  after  M attempts  and  that  Jj^-J 
users  will  contend  for  the  channel  (after  M unsuccessful  attempts,  a 


first  group  of  ^ users  is  allowed  to  transmit  in  this  slot.  If  none 


of  these  users  is  busy,  another  group  will  contend  for  the  channel 
in  this  slot , etc. ) . 

(n  order  to  transmit  a packet  successfully  in  this  slot,  then, 
one  expects  no  collision  among  users  of  the  same  group.  The  smaller  the 


group  size  is,  the  less  likely  is  the  collision,  and  therefore  a 
value  of  k not  too  small  (e.g.,  k = 20  when  N = 50)  should  be  chosen. 
But  if  k is  too  large,  the  increase  in  the  channel  capacity  with  this 
protocol  is  not  significant  (see  Eq.  (4.2)):  The  smaller  (M  + k)  is, 

the  higher  is  the  channel  capacity. 


given) , 


No  analytical  optimal  value  was  found  for  M and  k (when  N is 


However,  by  simulating  the  system,  we  may  choose  for  a given  N, 


the  values  of  M and  k such  that,  at  all  values  of  the  input  rate,  we 
significantly  improve  the  expected  delay.  The  simulation  verifies  the 
expected  following  trends: 

(a)  M -effect : For  a given  k,  smaller  values  of  M provide  higher 
delays  at  all  values  of  the  input  rate  not  too  close  to  one  packet/slot. 
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but  provide  a larger  maximum  achievable  throughput . When  M is 
very  small  the  delay  is  not  significantly  decreased,  even  with 
larger  values  of  k. 

(b)  k-effect : Small  values  of  k provide  low  delays  only  at  small 

input  rate  values,  A < AQ.  For  a given  M,  the  larger  k is,  the 

higher  is  the  input  rate  range  (0  < A < AQ)  for  which  the  delay 

is  significantly  low. 

The  tradeoff  will  be  to  choose  between  a small  value  of  (M  + k) 
(high  channel  capacity  but  high  delays  at  most  values  of  A)  and  values 
of  M and  k large  enough  (low  delays  at  all  values  of  the  throughput  not 
too  close  to  one  packet/slot,  but  low  achievable  throughput). 

In  Figures  4.2  and  4.3,  the  expected  packet  delay,  obtained  by 
simulation,  is  plotted  versus  the  throughput  for  N = 10  (Figure  4.2)  and 

N = 50  (Figure  4.3),  for  various  values  of  M and  k.  Delay  and  through- 

put are  normalized  with  respect  to  the  packet  transmission  time  T. 

For  small  values  of  N (N  = 10),  the  protocol  110,  defined  in 
Chapter  3,  is  close  to  the  optimum.  For  the  sake  of  clarity,  in  Fig- 
ure 4.2  we  did  not  plot  the  delay  contour  for  (M  = 7,  k = 1)  which  is 
very  slightly  below  the  delay  contour  of  R0  (M  = 10).  With  M = 5,  k = 1, 
we  obtain  a channel  capacity  of  .95  (RO's  capacity  is  .92),  and  the 
delay  is  very  close  to  the  delay  provided  by  R0  when  the  throughput  is 
less  than  .85.  For  very  small  values  of  M (M  = 1),  even  if  k is  large, 

(k  = 5),  although  we  obtain  a large  capacity  (.95)  for  throughputs 
larger  than  .75,  the  delay  is  higher  than  that  provided  by  TDMA.  When 
k = 0,  the  delay  is  very  large  for  most  values  of  throughput,  e.g.,  for 
M = 3 and  k = 0,  at  zero  throughput  the  normalized  delay  (Fq.  (4.3))  is 


but  provide  a larger  maximum  achievable  throughput.  When  M is 
very  small  the  delay  is  not  significantly  decreased,  even  with 
larger  values  of  k. 

(b)  k-effect : Small  values  of  k provide  low  delays  only  at  small 

input  rate  values,  A < A^.  For  a given  M,  the  larger  k is,  the 
higher  is  the  input  rate  range  (0  < X < A ) for  which  the  delay 
is  significantly  low. 

The  tradeoff  will  be  to  choose  between  a small  value  of  (M  + k) 
(high  channel  capacity  but  high  delays  at  most  values  of  A)  and  values 
of  M and  k large  enough  (low  delays  at  all  values  of  the  throughput  not 
too  close  to  one  packet/slot,  but  low  achievable  throughput). 

In  Figures  4.2  and  4.3,  the  expected  packet  delay,  obtained  by 
simulation,  is  plotted  versus  the  throughput  for  N = 10  (Figure  4.2)  and 
N = 50  (Figure  4.3),  for  various  values  of  M and  k.  Delay  and  through- 
put are  normalized  with  respect  to  the  packet  transmission  time  T. 

For  small  values  of  N (N  = 10),  the  protocol  RO,  defined  in 
Chapter  3,  is  close  to  the  optimum.  For  the  sake  of  clarity,  in  Fig- 
ure 4.2  we  did  not  plot  the  delay  contour  for  (M  = 7,  k = 1)  which  is 
very  slightly  below  the  delay  contour  of  RO  (M  = 10).  With  M = 5,  k = 1. 
we  obtain  a channel  capacity  of  .95  (RO's  capacity  is  .92),  and  the 
delay  is  very  close  to  the  delay  provided  by  RO  when  the  throughput  is 
less  than  .85.  For  very  small  values  of  M (M  = 1),  even  if  k is  large, 

(k  = 5),  although  we  obtain  a large  capacity  (.95)  for  throughputs 
larger  than  .75,  the  delay  is  higher  than  that  provided  by  TOMA.  When 
k = 0,  the  delay  is  very  large  for  most  values  of  throughput,  e.g.,  for 
M = 3 and  k = 0,  at  zero  throughput  the  normalized  delay  (F.q.  (4.3))  is 
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3.9  (=(j^  + -j  ) (1  + Ma)^  . In  conclusion,  with  the  new  protocol  we  do 
not  get  a significant  improvement  over  RO  for  small  values  of  N (N  <_  10). 

In  Figure  4.3,  the  expected  delay  D is  plotted  versus  the 
throughput  S for  a value  of  N = 50.  The  improvement  obtained  with  the 
new  protocol  is  important:  First,  we  note  the  very  good  delays  obtained 

at  low  traffic  for  any  value  of  M and  k (^  0)  ; e.g.,  if  M = 10  and  k = 1, 
then  D = 1.65  at  S = 0 (with  k = 0,  D = 6 at  S = 0).  Second,  when  M is 
small  (e.g.,  M = 10,  k = 1)  we  note  the  large  delays  (k-effect)  for 
intermediate  values  of  S (.2  £ S _<  .8)  leading  to  a choice  of  k large 
(e.g.,  M = 10,  k = 5) . Third,  we  note  that  when  M is  very  small  (e.g., 

M = 6) , even  with  a value  of  k = 5,  D increases  fast  when  S increases 
(M-effcct) . Finally,  keeping  (M  + k)  constant,  we  observe  the  improve- 
ment in  delay  obtained  by  decreasing  M and  increasing  k (e.g.,  i)  M = 10, 
k = 1 and  M=  6,  k=  5;  ii)  M=  14,  k=  1 and  M = 10,  k = 5)  for  the 
same  channel  capacity.  The  values  M = 10,  k = 5 provide  a performance 
close  to  the  optimum  at  all  values  of  throughput  and  a channel  capacity 
of  .88  instead  of  .66  obtained  with  RO  (M  = 50). 

In  Figure  4.4  the  delay-throughput  performance  is  compared 
between  RO  (M  = 50),  our  new  protocol  with  M = 10  and  k = 5,  Polling, 

CSMA  and  CS  SRMA.  As  previously  mentioned  (Figure  4.3),  the  delay  is 
lower  with  the  new  scheme  (M  = 10;  k = 5)  and  the  capacity  is  much 
higher  than  with  R0  (M  = 50).  At  low  traffic  (S  .4),  Polling  and  the 
new  scheme  (M  = 10,  k = 5)  provide  the  same  delay,  but  with  Polling  we 
may  achieve  a throughput  of  1,  while  the  maximum  achievable  throughput 
with  the  new  protocol  is  .88.  We  plotted  the  CSMA  performance  as 
obtained  in  [T015A  76B]  and  the  CS  SRMA  performance  predicted  by  the 
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Figure  4.4.  0 v*  S : Comparison  to  Existing  Techniques 


infinite  population  model  [TOBA  76A]  (unstable  channel  performance, 
upper  bound  for  the  stable  channel  performance:  see  Chapter  1).  Both 
CSMA  and  CS  SUM A provide  a lower  channel  capacity  than  our  new  protocol, 
but  perform  much  better  over  a large  traffic  range. 

Until  now,  the  ratio  a of  the  maximum  propagation  time  T to 
the  packet  transmission  time  T has  been  chosen 

a = .01 

as  a typical  value  for  ground  radio  communications.  We  already  showed 
in  Chapter  3 (Figure  3.6)  how  the  channel  capacity  of  AP,  RR  and  RO 
decreases  when  a increases  under  CSMA  channel  capacity  and  ALOHA  channel 


capacity . 


In  Figure  4.5,  the  channel  capacity  C is  plotted  versus  a,  with 


N = 50,  for  Polling  (C  = 1 for  all  a);  CSMA  [TOBA  74];  RO  (C  = l -+  Na  ) 
our  new  protocol  (M  = 10,  k = 5,  C = ^ V~  (M^+  ~k~) "a^  ' slotted  ALOHA 

(C  = 1/e). 

For  a < .018,  the  new  scheme  provides  a better  channel  capacity 
than  CSMA  (instead  of  a < .001  with  RO) . For  a < .11,  the  new  scheme's 
channel  capacity  is  larger  than  1/e  (instead  of  a < .035  with  RO) . 

In  conclusion,  the  protocol  introduced  in  this  chapter  as  an 
extension  of  RO  has  been  shown  to  perform  much  better  than  RO,  and  to 
provide,  under  light  traffic  conditions,  the  same  performance  as  Polling, 
and  a better  performance  than  CSMA  under  heavy  traffic  conditions  when  N 
is  not  too  large  (N  <_  100). 

When  the  number  of  users  N is  very  large  (N  > 100) , we  can 
still  find  values  of  M and  k for  which  the  new  protocol 

a)  performs  much  better  than  RO,  and 


i 


b)  provides  the  same  delay  performance  as  Polling  at  low 


traffi c. 

However,  the  throughput- del  ay  performance  for  such  values  of  M and  k 
will  be  lower  than  that  obtained  with  CSMA. 

In  the  next  chapter,  we  introduce  another  multiple  access 
scheme  which  provides  a better  throughput-delay  performance  for  all 
values  of  N and  a than  Polling  does,  and  which  performs  better  than  the 
random  access  techniques  (CSMA,  CS  SRMA)  under  heavy  traffic  conditions 
since  this  new  technique,  like  Polling,  allows  a maximum  achievable 
throughput  of  one. 
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chapter  5 

MINI -SLOTTED  ALTERNATING  PRIORITIES 

The  major  limitation  of  the  schemes  studied  in  Chapter  3 has 
been  shown  to  be  the  large  overhead  (increasing  proportionally  with  the 
number  of  users  N) , rendering  those  schemes  suitable  only  for  a popu- 
lation of  users  composed  of  a rather  smal I number  of  users  (N  < 20} , 

and  providing  a performance  far  below  that  obtained  with  CS  SRMA,  CSMA 
or  Polling  when  N is  large  (N  50)  and  a is  not  too  small  (a  = .01). 

In  order  to  decrease  this  overhead,  the  protocols  of  Chapter  3 are 

modified  in  Chapter  4.  This  results  in  a significant  improvement  of  the 
performance  which,  however,  stays  below  that  obtained  with  existing 
techniques  for  large  values  of  N (N  _>  50).  Below  we  introduce  and 
analyze  a conflict-free  scheme  referred  to  as  Mini -Slotted  Alternating 
Priorities  (MSAP) , which  also  allows  buffering  capabilities  and  also 
does  not  require  control  of  a central  station.  We  shall  easily  solve 
for  the  average  packet  delay  under  MSAl  and  show  that  MSAP  performs 
better  than  CSMA  (and  CS  SRMA)  under  heavy  traffic  conditions,  .and 
performs  better  than  Polling  for  all  traffic  levels  and  all  numbers 
of  users. 


5. 1 Protocol 

The  major  difference  with  the  schemes  AP,  RR,  RO  and  IIOL 
studied  in  Chapter  3 comes  from  the  slot  size  which  is  now  taken  as 
equal  to  the  maximum  propagation  delay  i , i.e.,  what  we  called  a 
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minislot  in  Chapter  3 is  now  referred  to  as  a slot.  As  with  the  former 
schemes,  we  use  the  carrier  sense  capability  of  each  user.  However 
we  now  try  to  minimize  the  channel  time  lost  for  packet  transmission, 
i.c.,  the  overhead  due  to  carrier  sensing  in  order  to  "steal"  a slot 
assigned  to  an  idle  user.  The  protocol  obeys  the  Alternating  Priorities 
rule  as  follows: 

(1)  Assign  the  channel  to  that  user  (say  i)  who  transmitted  the 
last  packet,  if  possible;  otherwise, 

(2)  Assign  the  channel  to  the  next  user  in  sequence*. 

By  carrier  sensing,  at  most  one  slot  later,  all  users  detect  the  end  of 
transmission  of  user  i (absence  of  carrier  ) ; in  particular,  so  does  the 
next  user  in  sequence  (user  (i  mod  N + 1)).  Then 

i)  either:  User  (i  mod  N + 1)  starts  transmission  of  a packet; 

in  this  case,  one  slot  after  the  beginning  of  transmission,  all 
others  detect  the  carrier.  They  wait  until  the  end  of  this 
packet's  transmission  and  then  operate  as  above. 

ii)  or:  User  (i  mod  N + 1)  is  idle;  in  this  case,  one  slot  later, 

all  the  other  users  do  not  detect  the  carrier,  they  then  know 
that  it  is  the  turn  of  the  next  user  in  sequence,  i.e.,  user 
(i  mod  N + 2)  , and  operate  as  above. 

When  all  users  are  idle,  the  "turn"  keeps  changing  at  each  slot  until 
it  is  the  turn  of  a non-idle  user. 

* 

Users  grasp  the  channel  according  to  a fixed  order,  say  1,  2,  ...,  N, 
without  loss  of  generality. 

^The  carrier  detection  time  is  assumed  to  be  negligible  (Assumption  8). 
All  users  know  whose  turn  has  come  at  most  one  slot  after  the  end  of 
transmission  of  a packet. 
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In  Figure  5.1  we  consider  an  example  with  four  users.  Two 
siots  after  the  end  of  user  3's  transmission,  user  4 being  idle,  user  1 
starts  transmission.  He  transmits  three  packets,  followed  by  user  2 
and  then  user  3. 

TVjo  remarks  are  noteworthy: 

a)  We  could  have  chosen  the  Random  Order  Rule  or  the  Round 
Robin  rule.  The  latter  is  suitable  for  unbalanced  traffic;  i.e.,  when 
some  users  have  a smaller  input  rate  than  others.  Then  the  Round  Robin 
rule  provides  to  users  with  small  input  rate  a more  frequent  access  to 
the  channel  than  the  Alternating  Priorities  rule  does.  However,  the 
Alternating  Priorities  rule  is  chosen  here,  in  order  to  minimize  the 
"changeover"  time  between  users.  This  changeover  time,  which  is  lost 
for  packet  transmission,  is  shorter  with  Alternating  Priorities  than  it 
is  with  Round  Robin  (or  Random  Order)*.  Tlie  maximum  channel  utilization 
is  obtained  with  the  Alternating  Priorities  rule  which  allows  the  system 
to  achieve  full  utilization  of  the  channel.  When  one  queue  is  saturated 
and  keeps  the  channel  for  its  own  use,  there  is  no  changeover  and  there- 
fore the  throughput  is  S = 1 packet/packet  transmission  time.  Iluis, 

the  capacif  of  MSAP  is  equal  to  1. 

b)  In  Polling,  the  channel  is  assigned  to  the  users  according 
to  the  same  rule.  The  only  difference  is  that  the  polling  time  or 
changeover  time  between  the  two  users  is  equal  to  the  polling  message 
transmission  time  (of  length  b (_>  1)  slots)  plus  twice  the  propagation 

★ 

This  overhead  (one  slot  per  switchover  from  one  user  to  another)  is 
very  small,  compared  to  that  incurred  with  the  schemes  studied  in 
Chapter  3 (for  which  N minislots  are  lost  at  each  packet  transmission 
time) . 


- 
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time  between  users  and  station. 


If  we  denote  this  changeover  time  by  r, 
a)  Pol  I ing  r = b + 2 


we  then  have  for 


(S.  1) 


b)  MSAP  r = 1 

Since  the  polling  message  contains  the  identification  of  the  user  which 
is  polled,  b will  increase  with  N (in  particular,  it  must  grow  in 
proportion  to  log  N) . Also,  b depends  on  the  parameter  a.  If  a 
increases,  b will  decrease  down  to  a minimum  of  1.  From  the  last 
statement  and  Eq.  (5.1)  it  is  evident  that  the  changeover  time  is  much 
smaller  with  MSAP  than  with  Polling. 


5.2  Expected  Delay 

We  may  apply  the  results  of  Konheim  and  Meister  [KONil  72 J for 
Polling  to  MSAP  by  choosing  the  "polling"  time  r equal  to  1 in  Eq.  (1.3). 
This  equation  gives  the  expected  normalized  delay  in  ground  radio  Polling 
[TOBA  76A] . Then,  with  MSAP,  the  expected  normalized  packet  delay  is 
given  by 


Therefore,  from  Eqs.  (1.3),  (5.1)  and  (5.2),  with  Polling,  a packet 
incurs  an  average  delay  which  exceeds  the  one  he  would  incur  with  MSAP 
by  an  amount  A,  namely, 

<*•» 

When  N is  large  (N  > 10), 

\ a Na(l>  + 1) 

2 ( 1 - S ) 
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Consider,  for  example,  1000  bit  packets  transmitted  over  a channel 
operating  at  a speed  of  100  kilobits  per  second.  The  transmission  time 
of  a packet  is  then  T = 10  mseconds.  If  the  maximum  distance  between 
the  source  and  the  destination  is  20  miles,  then  t = 108  pseconds.  Thus 

a = y = -01 

To  poll  N = 50  users,  one  slot  (10  bits)  is  enough:  b = 1 and 

A = i;)  • To  P°1 1 N = 1000  users,  two  slots  are  necessary*,  and 

30 

then:  b = 2 and  A = -=• j ^ • As  N increases,  MSAP  by  far  exceeds  the 

z(l  - SJ 

performance  of  Polling  (Figure  5.2). 

Let  us  now  compare  MSAP  to  CSMA  and  CS  SRMA.  In  Figure  5.2 
we  plot  the  CSMA  performance  as  obtained  in  [T0BA  76B],  for  N = 50  and 
N = 1000.  In  the  same  figure,  we  also  plot  the  CS  SRMA  performance 
predicted  by  the  infinite  population  model  (unstable  channel)  [T0BA  76A] . 
As  mentioned  before  (Chapters  1 and  3),  it  is  likely  that  this  perfor- 
mance is  an  upper  bound  for  the  steady  state  performance  (stable  channel) 
in  the  case  of  N = 50  users.  However  when  N = 1000,  the  need  to  increase 
retransmission  delays  in  order  to  have  a stable  channel  may  lead  to  a 
performance  worse  than  the  one  predicted  by  Figure  5.2. 

In  comparing  MSAP  to  CSMA  and  CS  SRMA,  we  note  from  Figure  5.2 
that,  at  light  traffic,  the  larger  is  N,  the  more  do  CSMA  (and  SRMA) 
exceed  the  performance  of  MSAP;  but  under  heavy  traffic  conditions,  MSAP 
always  performs  better  than  CSMA.  For  N = 50,  the  delay  with  MSAP  is 
better  than  that  obtained  with  CSMA,  for  a throughput  equal  to  0.6  or 
higher. 

★ 

since  we  need  10  bits  for  identifying  the  1000  users  and  at  least  1 bit 
for  error  detection  purposes. 
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CHAPTER  6 


MIXED  MULTIPLE  ACCESS  MODES  FOR  ONE  LARGE  USER 
AND  A POPULATION  OF  SMALL  USERS 

With  a large  population  of  bursty  users  (referred  to  as  small 
users) , we  already  pointed  out  in  Section  1.2  that  the  use  of  slotted 
ALOHA  provides  flexibility,  simplicity  (of  implementation)  and  a more 
efficient  channel  utilization  with  much  lower  delays  at  light  traffic 
than  does  TDMA  or  FDMA.  However  the  maximum  achievable  throughput  with 
slotted  ALOHA  is  1/e.  This  suggests  that  we  include  a large  user  on  the 
same  channel  in  order  to  increase  the  channel  capacity.  We  assume  that 
this  large  user  does  not  require  a short  response  time  (packet  delay)  as 
does  the  background  of  small  users.  As  an  example,  we  might  consider  a 
background  of  bursty  interactive  users,  together  with  a user  transmitting 
a large  amount  of  data  (file  user).  Several  papers  have  suggested  the 
use  of  a radio  channel  in  an  environment  including  small  users  and  a 
large  user.  L.  Roberts  did  so  in  an  unpublished  note;  Abramson  [ABRA  73] 
provided  a model  where  all  users  (including  the  large  user)  use  the 
channel  in  a slotted  ALOHA  fashion  and  determined  the  channel  capacity; 
Lam  [LAM  74]  simulated  the  packet  delay  at  the  large  user.  Gitman  et 
al.  [GITM  74]  studied  such  a model  to  determine  whether  one  should  share 
the  radio  channel  by  the  large  (or  possibly  by  a finite  number  of  large 
users)  and  the  small  users  or  whether  one  should  split  the  channel  so 
that  one  part  is  used  by  the  large  user  and  the  other  part  is  used  by 
the  small  users. 
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Binder  [BIND  75A]  introduced  and  simulated  a technique  for 
regulating  file  traffic  (large  user)  in  a slotted  or  unslotted  ALOHA 
channel  when  interactive  users'  (small  users)  traffic  is  also  present. 

Throughout  this  chapter,  we  assume  the  large  user  to  be  within 
range  and  in  line  of  sight  of  all  small  users.  This  large  user  will 
sense  the  carrier  and  will  not  transmit  a packet  unless  all  small  users 
are  quiet.  We  give  priority  to  the  small  users  and  since  they  are 
controlling  the  entire  bandwidth,  the  small  users  perform  better  than  if 
they  were  dedicated  only  a part  of  the  available  bandwidth.  However, 
since  the  large  user  has  lower  priority,  he  may  incur  higher  delays  and 
achieve  less  throughput  than  if  he  was  dedicated  a part  of  the  channel 
(of  smaller  bandwidth).  We  study  two  cases  which  differ  with  respect  to 
the  nature  of  the  background  of  small  users: 

a)  A large  population  of  small  users  who  contend  for  the 


■ 


channel  in  a slotted  ALOHA  fashion. 


use  separate  channels  of  smaller  bandwidth. 

b)  A small  number  of  buffered  users  within  range  and  in  line 
of  sight  of  each  other  sharing  the  channel  according  to  the  AP  access 
mode  studied  in  Chapter  3. 

In  Section  6.2,  the  Mixed  Alternating  Priorities  Carrier  Sense 

(MAPCS)  mode  is  analyzed.  This  mode  is  conflict  free*.  The  MAPCS 

performance  is  shown  to  be  better  than  that  predicted  by  the  slotted 

•ALOHA  mode  mentioned  above  [ABRA  73].  With  MAPCS,  a total  channel 

utilization  of  -r — rr — is  obtained  where  N is  the  number  of  small 

1 + (N  + l)a 

users  and  a is  the  ratio  of  the  maximum  propagation  time  to  packet 
transmission  time.  This  channel  utilization  is  fairly  good  when  N is 
not  too  large  (N  _<  30).  The  throughput -del ay  performance  of  the  small 
users  is  better  with  MAPCS  than  when  the  channel  is  optimally  split. 

At  the  large  user,  however,  the  higher  the  small  users'  traffic,  the 
larger  is  the  degradation  of  the  del  ay -throughput  performance  compared 
to  the  "split  channel"  mode  where  the  large  user  and  the  small  users 
have  dedicated  separate  channels. 

Finally,  in  Section  6.3  we  compare  MACS  and  MAPCS.  When  the 
number  of  small  users  is  not  too  large  (N  <_  30),  one  may  achieve  a 
higher  total  channel  throughput  with  the  second  scheme  (MAPCS).  When 
N increases,  the  first  scheme  (MACS)  turns  out  to  be  better.  The 
performance  at  the  large  user  is  shown  to  be  better  with  the  first 
scheme  (MACS).  In  addition,  MACS  does  not  require  that  all  small  users 
"hear"  each  other  while  MAPCS  does;  however  MAPCS  allows  a high  through- 
put rate  for  the  small  users. 

* 

In  MACS,  small  users  conflict  (in  a slotted  ALOHA  fashion). 
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Mixed  ALOHA  and  Carrier  Sense  Multiple  Access  (MACS) 


We  consider  a large  user  and  a large  number  of  small  users,  all 
competing  for  the  same  channel.  The  access  to  the  channel  is  modeled 
as  follows. 

6.1.1  The  Model 

We  include  on  the  same  single  channel  (of  bandwidth  W)  an  infi- 
nite population  contending  for  the  channel  in  a slotted  ALOHA  fashion 
(small  users)  and  a buffered  user  (a  large  user)  with  an  infinite  buffer 
size  and  a Poisson  arrival  process  (intensity  ^3*  'n dependent  of  the 
small  users'  (Poisson)  arrival  process.  The  large  user  and  small  users 
transmit  packets  of  fixed  length  b bits.  The  large  user  is  in  line  of 
sight  and  within  range  of  all  small  users.  The  slot  configuration  is 
given  by  Figure  6.1. 
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PACKET  TRANSMISSION  TIME  (T) 

r 
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Figure  6.1.  Slot  Configuration. 


★ 

Packets  generated  at  the  large  user  queue  up  and  arc  served  on  a first- 
come-  first-served  basis. 
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When  a small  user  has  a packet  ready  for  transmission  (newly 
generated  or  previously  collided  packet  (see  [KLEI  75A])),  he  transmits 
the  carrier  for  the  first  x seconds  of  the  slot  and  then  transmits  the 
(information)  packet,  x represents  the  maximum  propagation  time  from 
a small  user  to  the  large  user;  x is  considered  to  be  very  small  in 

bm  x 

comparison  with  a packet's  transmission  time,  T = ; a = ^ 

chosen  to  be  equal  to  .01  in  the  numerical  calculation  throughout  this 
chapter. 

When  the  large  user  has  a packet  ready  for  transmission,  he 
senses  the  carrier  at  the  beginning  of  the  slot  during  x seconds.  If 
the  carrier  is  not  detected  after  x seconds,  the  large  user  immediately 
transmits  his  packet.  If  the  carrier  is  present  (one  or  more  small 
users  are  transmitting  in  the  current  slot)  the  large  user  stays  quiet 
until  the  beginning  of  the  next  slot  and  then  operates  as  above. 

The  last  x seconds  of  a slot  account  for  the  (maximum  propa- 
gation) delay  between  the  end  of  packet  transmission  and  the  end  of 
packet  reception. 

The  de lay -throughput  performance  of  the  ALOHA  population  is  not 
affected  by  the  presence  of  the  large  user*;  an  analysis  of  the  small 
users  performance  in  a ground  radio  environment  (a  « 1)  can  be  found  in 
[KLEI  75B]  which  is  similar  to  the  satellite  treatment  by  Kleinrock  and 
Lam  (see  [LAM  74]  and  [KLEI  75A]).  On  the  other  hand,  the  large  user's 
transmission  is  very  sensitive  to  the  ALOHA  traffic:  the  higher  the 

ALOHA  traffic  is,  the  lower  the  large  user's  throughput  will  be. 

* 

except  that  the  slot  size  is  (1  + 2a)T,  instead  of  T when  there  is  no 
large  user 


6.1.2 
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Large  Users's  Throughput  and  Channel  Capacity 
In  Chapter  1,  we  described  the  slotted  ALOHA  access  mode  which 
has  been  thoroughly  studied  in  [LAM  74]  and  [KLLI  75A] . Three  kinds  of 
slots  can  be  identified  in  a slotted  ALOHA  mode. 

i)  "successful"  slots:  slots  in  which  one  and  only  one  user  of 

the  ALOHA  population  is  transmitted.  One  packet  is  success- 
fully transmitted. 

ii)  "conflicting"  slots:  more  than  one  ALOHA  users  are  transmitting 

a packet  in  this  slot.  Packets  "collide"  and  must  be  retrans- 
mitted. 

iii)  "idle"  slots:  No  ALOHA  user  is  transmitting  in  this  slot; 

each  user  either  has  no  packet  to  transmit  or  has  rescheduled 
the  transmission  of  a previously  collided  packet  for  some  later 
time. 

In  the  first  two  cases  (successful  or  conflicting  slot)  the  channel  is 
sensed  busy  by  the  large  user.  In  the  third  case  (idle  slot)  the  chan- 
nel is  sensed  idle.  Thus,  the  large  user  may  "steal"  these  idle  slots 
for  transmitting  his  own  packets.  By  allowing  this  large  user  to  steal 
the  "idle"  slots  of  an  ALOHA  population,  we  increase  the  total  channel 
utilization;  a packet  is  successfuly  transmitted  in  a given  slot  if  this 
slot  is  "successful"  or  "idle."  If  the  proportion  of  idle  slots  is  not 
too  small,  we  may  achieve  a significant  throughput,  S.,,  for  the  large 
user.  We  easily  show  below  that 


S 


-> 


-G 

e 


(6.1) 


where  G (average  number  of  packets  per  slot)  is  the  offered  traffic 
rate  (newly  generated  plus  previously  collided  packets)  of  the  ALOHA 
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population,  and  where  S.?  is  the  throughput  in  number  of  packets  per  slot 
for  the  large  user.  The  ALOHA  channel  traffic  (with  mean  G)  is  a random 
variable  representing  the  total  number  of  packets  transmitted  by  all 
ALOHA  users  into  a slot.  It  is  assumed  that  (see  [ LAM  74]) 

(A. 12)  The  ALOHA  channel  traffic  is  Poisson  distributed. 

The  accuracy  of  Assumption  A. 12  has  been  examined  in  [LAM  74]  through 
simulations  and  has  been  shown  to  be  fairly  good. 

To  evaluate  S,,,  let  us  call  the  "service  time"  of  a packet  at 
the  large  user  (denoted  by  x) , the  number  of  slots  elapsing  between  the 
end  of  the  slot  during  which  this  packet  was  generated  and  the  end  of 
the  (successful)  packet  transmission.  From  Assumption  A. 12,  we  have 
for  a given  slot: 

P[a  packet  is  sent  from  the  large  user]  = P[idle  slot] 


P[x  = k]  = (1  - e~G)k-1e”G  k > 1 


(6.2) 


Therefore,  the  "service  time"  as  defined  above  is  geometrically 
distributed  with  parameter  e J,  and 


E(x)  = x = e 


r 

L 


may  be  defined  as  the  expected  value  of  the  random  variable 
s,  the  number  of  packets  generated  at  the  large  user  that  are  allowed 
to  get  "through"  the  channel  in  a given  slot.  Then 

S2  = E (s)  = 1 x p{s  = 1}  + 0 x p{?  = 0}  . 

Observing  that  P{s  = 1}  = P{idle  slot}  = e G,  we  get  Eq.  (6.1) 
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Note  that  under  steady  state  conditions,  this  maximum  through- 
put is  achieved  at  the  large  user  with  infinite  delays.  For  finite 
delays,  the  normalized  input  rate.  S'  at  the  large  user  must  be  such 
that 

S'  = A2(l  + 2a) T < S2  = e"G 

for  a given  ALOHA  traffic  rate  G. 

If  we  denote  by  the  total  ALOHA  channel  throughput  rate, 
we  know  that  under  steady  state  conditions  (see,  for  example  [KLlil  75A]) 

Sj  = Ge”()  (6.3) 

From  Lqs . (6.2)  and  (6.3)  we  obtain  the  total  achievable- 
throughput  of  the  channel : 

S = Sj  + = (G  + l)e  *’  (packets/slot)  (6.4) 

The  maximum  value  of  S is  achieved  (with  infinite  delays  at  the  large- 
user)  when  G = 0 (no  traffic  from  the  AI.OIIA  background): 

S = 1 packct/slot 

We  then  may  obtain  the  channel  capacity  C.  C is  the  maximum  number  of 
packets  that  can  "get  through"  the  system  (see  Oiapter  2)  during  one 
packet  transmission  time  T 

S 

C - max 
1 ♦ 2a 

G = —V  (6.5) 

1 ♦ 2;i 
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Eq.  (6.5)  illustrates  the  fact  that  for  each  packet  transmitted,  a part 
(a  « 1)  of  the  channel  is  wasted  (in  each  slot,  the  first  T seconds 
and  the  last  t seconds  cannot  ho  used  for  data  transmission). 

In  Figure  6.2,  we  plot  the  total  channel  throughput  S and  the 
ALOHA  throughput  (normalized  with  respect  to  a slot)  versus  the 
ALOHA  traffic  rate  G.  S decreases  with  increasing  values  of  G,  from 
1 (G  =0)  to  0 (G  = «).  Because  of  the  ALOHA  population,  the  channel 
eventually  drifts  into  saturation,  i.e.,  the  throughputs  (S^  and  S) 
will  go  to  zero,  while  the  channel  load  will  increase  without  any  bound 
(see  Chapter  1 and  [KLEI  75A]).  But  by  applying  dynamic  control  poli- 
cies [KLLI  75A],  we  can  get  a stable  channel  with  a bounded  ALOHA 
traffic.  Therefore,  the  probability  of  an  "idle  slot"  is  greater  than 
zero  and  we  can  achieve  a throughput  at  the  large  user  which  is 
greater  than  zero. 

Since  the  performance  obtained  for  slotted  ALOHA  by  applying 
control  policies  (stable  channel)  have  been  shown  by  Kleinrock  and  Lam 
[KLEI  75A]  to  be  close  to  the  quasi-stationary  performance  (unstable 
channel),  clearly  the  same  will  be  true  when  we  include  the  large  user 
as  well  as  the  ALOHA  background  which  controls  the  channel.  Throughout 
this  chapter  we  will,  as  above  (Eqs.  (6.1)  to  (6.4)),  use  the  ALOHA 
results  achievable  only  for  a finite  period  of  time  (unstable  channel) 
as  approximative  results  for  a stable  channel  and  assume  G _<  1. 

When  G = 1 (Figure  6.2)  the  ALOHA  background  achieves  a maxi- 
mum throughput 

Sj  = 1/e 
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Pt  conflicting  slot  ] = 1~S*1  - (1+G)e 


SLOTTED  ALOHA  OFFERED  TRAFFIC  RATE  G (PACKETS/SLOT) 


1/C 


When  (I  goes  to  zero,  so  does  , but  increases  to  one. 

From  Figure  6.2,  it  is  clear  that  the  probability  of  a conflict 
in  a given  slot  (conflicting  slot)  between  more  than  one  user  (equal  to 
1 - 2/e  when  G = 1)  goes  to  zero  as  G goes  to  zero;  meanwhile,  the 
probability  that  the  slot  is  idle  (large  user  throughput  S0)  increases 
up  to  one  when  G goes  to  zero.  (Figure  6.2) 

'ihe  probability  that  a given  slot  is  "conflicting"  is 

SW  = 1 - S 

and  represents  the  wasted  channel  capacity.  In  Figure  6.3,  S^,,  and 
are  plotted  versus  G. 

Before  solving  for  the  packet  delay  at  the  large  user,  let  us 
compare  the  large  user  and  the  total  throughputs  predicted  with  our  model 
(Fqs.  (6.1)  and  (6.4))  with  the  throughput  predicted  by  the  model  called 
the  "large  user  model"  that  we  mentioned  above  [ABRA  73]. 

Large  User  Model : 

In  this  model,  first  studied  by  L.  Roberts  in  an  unpublished 

note  and  later  generalized  by  Abramson  [ABRA  73]  and  Lam  [LAM  74],  we 

consider  a large  buffered  user  and  a population  of  small  users  (modelled 

by  an  infinite  population  as  described  above).  The  large  user  and  the 

small  users  compete  on  the  same  channel  in  a slotted  ALOHA  fashion. 

We  define  by  Aj  and  the  throughput  rates  (normalized  with  respect  to 
b 

T = -rp  ) of  the  small  users'  population  and  the  large  user,  respectively. 

Ai  ■ X.T 


A2  - A2T 


Figure  6.3.  MACS:  Wasted  Capacity  and  Large  User  Throughput  versus  G. 
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The  large  user's  packets  conflicting  with  small  users'  packets 
must  be  retransmitted,  and  the  offered  traffic  rate  at  the  large  user 
G,  Is  grater  than  A.,.  Gj  represents  the  offered  traffic  rate  from  the 
small  users.  G ^ and  G^  are  normalized  with  respect  to  T.  It  can  be 
shown  [ABRA  73],  [LAM  74]  that  the  limiting  throughputs  are 

-G, 


\ = Gje  *(1  - G2) 


-G, 


A2  - G2e 


The  limiting  channel  throughput  rate  is  then 

A = Ai  + A2  = (Gi  + G2  - GjG2)e 


(6.6) 

(6.7) 


Then 


, given  either  A^  or  A^,  A is  maximized  if  the  conditi 


on 


G1  + G2  = 1 


is  satisfied  [LAM  74]. 

The  interest  of  this  approach  is  that  we  can  exceed  the  1/e 
limitation  on  the  capacity  of  a slotted  ALOHA  channel.  (If  the  small 
users'  traffic  G^  goes  to  zero,  then  the  channel  is  dedicated  to  the 
large  user  and  a channel  throughput  rate  arbitrarily  close  to  unity  can 
be  achieved--this  is  then  simply  an  M/D/1  system). 

However,  the  throughput  performance  predicted  by  this  model  is 
much  lower  than  the  performance  predicted  by  our  model,  as  can  be  seen 
in  Figure  6.4  where  we  plot  A2  and  A versus  the  ALOHA  traffic  rate  Gj 
for  both  systems. 

6.1.3  Packet  Delay  at  the  Large  User 

In  this  section  we  wish  to  solve  for  the  average  delay  incurred 
by  a packet  at  the  large  user.  As  usual,  we  define  the  packet  delay  as 
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SMALL  USERS  (SLOTTED  ALOHA)  TRAFFIC  Gt  (PACKETS/T) 

Figure  6.4.  MACS  and  Large  User  Model:  Channel  and  Large  User  Throughput 
versus  Small  Users' Traffic. 
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the  time  period  elapsing  from  the  generation  instant  <o  the  end  of  trans- 
mission. Let  us  denote  by  the  expected  delay  normalized  with  respect 
to  a slot  and  by  D7  the  expected  delay  normalized  with  respect  to  the 
packet  transmission  time  T: 


D2  = (1  + 2a)A2  (6.8) 

Let  us  define  the  "service  time"  x of  a packet,  as  in  Section 

6.1.2,  as  the  number  of  slots  it  takes  to  transmit  the  packet  from  the 

first  time  we  sense  the  carrier  for  this  packet  until  the  end  of  the 

transmission  of  this  packet.  From  Section  6.1.2,  we  know  that  x is 

- G 

geometrically  distributed  with  parameter  e (G  is  the  ALOHA  traffic 
rate) . 

A large  user  packet  which  finds  the  large  user  empty  upon 
generation  must  wait  until  the  beginning  of  the  next  slot  before  sensing 
the  carrier,  i.e.,  before  the  "service"  starts.  Thus  we  cannot  repre- 
sent the  large  user  simply  by  an  M/G/l  queueing  system.  However,  we  can 
model  the  large  user  as  an  M/G/l  queueing  system  with  rest  period* 
where  the  rest  period  is  deterministic  with  length  one  slot;  the  Poisson 
arrival  process  has  an  intensity  X and  the  service  time  is  geometric 
(with  parameter  e" ’) . From  Appendix  A (Eq.  (A. 26)),  we  know  that  the 
average  delay  D in  an  M/G/l  queue  with  rest  period  is  given  by: 

“2  T2 

r-.  X X 0 n. 

D = x + — + (6.9) 

2(1  - Xx)  0 


★ 

See  Section  3.4  or  Appendix  A for  the  definition  of  an  M/G/l  queue 
with  rest  period. 


147 


where  x and  x are  the  first  and  the  second  moments  of  service  time, 

~2 

Tq  and  Tq  are  the  first  and  second  moments  of  the  rest  period  and  A is 
the  arrival  rate. 

Recall  that  S'  is  the  arrival  rate  at  the  large  user  normalized 
with  respect  to  a slot  (normalized  input  rate).  We  have 


S'  = X2(l  + 2a) T 


(6.10) 


The  rest  period  being  deterministic  (with  a length  of  one  slot) 


we  have 


\ 

2 


(s lots) 


(6.11) 


Finally  we  have 


x = eG  (slots) 

x2  = (2  - e"G)e2C  ([slots]2)  (6.12) 

Substituting  Eqs.  (6.10)  through  (6.12)  into  Eq.  (6.9),  we  obtain  the 
following  expression  for  the  normalized  average  packet  delay  at  the 
large  user: 

2 - S' 

A2  = G + T (slots)  (6.13) 

2(e  - S') 


6.1.4  Del  ay -Throughput  Characteristics 

ALOHA  and  large  user  throughputs  are  compared  on  Figure  6.5  for 
G ^ 1,  and  on  Figure  6.6  for  G <_  1.  The  shaded  regions  in  both  figures 
identify  the  feasible  regions.  In  Figure  6.5  (G  > 1),  the  contour 
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versus  for  G < 1 is  represented  by  dotted  lines.  When  G increases 


both  Sj  and  go  to  zero  (the  channel  drifts  into  saturation).  When 

G = 1,  both  and  S?  are  equal  to  1/e.  In  Figure  6.6  (G  <_  1)  , the 

contour  versus  for  G < 1 is  a limiting  contour  which  corresponds 
to  infinite  delays.  Contours  S 2 versus  are  drawn  for  some  finite 
values  of  A2  (packet  delay  at  the  large  user).  The  region  inside  the 
boundary  delimited  by  the  axes  S^,  S2  and  the  contour  S2  versus  for 
a given  value  of  hj  (e.g.,  A 2 = 5)  represents  the  feasible  achievable 
throughputs  at  the  large  user  and  small  users  with  the  constraint  of  a 
maximum  delay  at  the  large  user  equal  to  A2  slots.  Clearly,  with  a 
maximum  delay  A^  ~ 5,  the  maximum  achievable  throughput  at  the  large 
user  is  close  to  the  limiting  throughput  (infinite  delays:  = °°)  , 

for  all  values  of  ALOHA  throughput.  Constant  total  throughput  S lines 
are  drawn  in  Figure  6.6  and  illustrate  how  S7  decreases  when  increases 
for  a given  value  of  S.  The  line  S = 2/e  delimits  the  region  where  there 
are  no  infinite  delays  (all  those  S^  and  S0  for  which  S = Sj  + S2  < 2/e). 

6.1.5  Split  Channel  versus  Single  Channel 

At  the  beginning  of  this  chapter,  we  introduced  the  idea  of 
including  traffic  from  two  independent  sources  (small  users  and  large 
user)  on  the  same  channel.  The  motivation  behind  this  inclusion  is 
two-fold : 

i)  Since  the  small  users  are  accessing  the  channel  in  a 
slotted  ALOHA  fashion*,  we  want  to  increase  the  channel  utilization 
beyond  the  1/e  limitation  of  slotted  ALOHA  channel  capacity. 

* 

See  the  introduction  of  this  chapter  and  Section  1.2  for  the  discussion 
about  the  choice  of  ALOHA  access  mode  for  the  small  users. 
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ii)  By  increasing  the  bandwidth  available  to  the  small  users 
we  provide  them  better  throughput-delay  performance. 

The  results  of  Section  6.1.2  justify  the  inclusion  of  traffic 
from  the  two  different  sources  on  the 'same  channel  since  this  provides 
a very  good  total  channel  utilization  (>  2/e)  and  a significant  large 
user  throughput  (>  1/e) . 

Here  we  approach  the  problem  from  a synthesis  viewpoint.  That 
is,  given  Source  1 (small  users)  and  Source  2 (large  user),  the  question 
is  whether  one  should  split  the  channel  so  that  one  part,  aW  of  the 
bandwidth  (a  < 1) , is  assigned  to  the  large  user  and  the  other  part, 

(1  - a)W,  to  the  small  users;  or  whether  one  should  mix  the  two  traffic 
sources  according  to  the  MACS  access  mode  studied  above. 

We  already  know  that  for  the  small  users,  the  best  performance 
is  obtained  when  they  are  provided  the  entire  bandwidth.  For  the  small 
users  it  is  better  not  to  split  the  channel,  for  by  splitting  the  channel 
we  increase  the  small  users'  delay  by  a factor  of  j — — — and  it  is  not 
certain  that  we  achieve  the  same  throughput. 

How  about  the  large  user?  is  the  packet  delay  lower  with  a 
split  channel  or  with  a mixed  use  of  the  entire  bandwidth  at  the  large 
user?  How  significant  is  the  degradation  in  throughput  at  the  large 
user  when  we  mix  the  traffic? 

Our  optimization  problem  now  becomes  finding,  for  a channel  of 
limited  bandwidth  W and  for  given  values  of  the  input  rates  of  the  large 
user  (Ap  and  of  the  small  users  (Xp  , the  value  of  a,  namely  a^, 
such  that  a split  channel  with  a > ctg  provides  a lower  delay  at  the 
large  user  than  the  mixed  use  of  the  entire  bandwidth,  and  a split 
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channel  with  a < provides  at  the  large  user  a larger  delay  than  the 
mixed  use  of  the  entire  bandwidth. 

Splitting  the  channel  with  a > will  produce  a small  users' 
delay  of  at  least  1/(1  - ct^)  times  larger  than  that  obtained  under  a 
mixed  mode.  Therefore,  if  is  too  close  to  one  (e.g.,  aQ  _>  .5)  one 
may  prefer  to  choose  the  mixed  mode  and  thus  penalize  the  large  user, 
rather  than  the  small  users. 

More  precisely,  let  us  call  Ps(<x)  the  expected  packet  delay  at 
the  large  user  when  the  channel  is  split  into  two  parts  of  respective 
bandwidths,  ctW  for  the  large  user  and  (1  - a)W  for  the  small  users. 
D^(a)  is  normalized  with  respect  to  T = b^/W,  T being  the  packet  trans- 
mission time  on  a channel  of  bandwidth  IV.  Modeling  the  large  user  by 
an  M/D/1  queue,  we  have  by  the  Pollaczek-Khinchin  formula  [KLEI  75C] 


DS(0° 


1 

a 


A2(T/a) 

+ 2(1  "-'X2(T/a)) 


(6.14) 


Substituting  !;q.  (6.13)  into  Eq . (6.8),  we  obtain  the  expected  packet 
delay  1)^,  at  the  large  user  (normalized  with  respect  to  T) , under  the 
mixed  mode  (MACS) 


(1  + 2a) 


(6. IS) 


We  wish  to  solve  for  aQ,  which  gives 

D2  = Ds(a)  (6.16) 


i i 

- 
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such  that: 


1) 

2) 

3) 

4) 


if  0 < a < , 


if  u0  < a < 1 , 


a0  - X2T  " A2 


1 ~ aQ  > Sl 
e — 1 + 2a 


n2  < DS 


DS  < °2 


i 


(6.17) 


The  third  constraint  insures  us  that  the  input  rate  at  the  large  user 
when  the  channel  is  split  (with  a value  of  a = is  less  than  the 
service  rate,  i.e.,  the  number  of  packets  tranmitted  per  unit  of  time. 
In  other  words,  the  utilization  factor  p (see  [KLEI  75C])  of  the  M/D/1 
queue  representing  the  large  user  must  he  less  than  1.  (Vc  have 


P = 


1 


for  all  a j> 


where  — is  the  transmission  time  of  one  packet  (a/T  is  the  service  rate). 
Thus  we  get  the  third  constraint  in  (6.17).  Similarly,  the  fourth  con- 
straint indicates  that  the  feasible  values  of  a for  the  small  users  are 
such  that  on  the  separate  channel  of  bandwidth  (1  - a)W,  the  small  users' 
throughput  is  less  than  or  equal  to  1/e. 

Equating  the  right-hand  sides  of  Eq.  (6.14)  and  Hq . (6.15),  and 
substituting  Eq.  (6.10)  we  obtain  a second  degree  equation  in  a,  for 
which  there  is  at  most  one  solution,  respecting  the  constraints  in 
Eq.  (6.17). 

It  turns  out  that  for  Gj  > .2,  the  solution  u^  of  Eq.  (6.16) 
does  not  satisfy  the  fourth  constraint  (Eq.  (6.17)).  In  other  words. 
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when  G > .2  (A  > .16),  to  get  a large  user  delay  lower  than  that 
obtained  with  the  mixed  mode,  one  must  dedicate  a part  greater  than  a^W 
to  the  large  user,  such  that  the  remaining  part  (1  - of  the  band- 

width is  not  large  enough  to  achieve  the  small  users'  throughput  (Aj) ; 
this,  of  course,  is  unacceptable. 

In  Figures  6.7  and  6.8,  a is  plotted  versus  A^,  the  large  user's 
input  rate  (normalized  with  respect  to  T) , for  two  small  users'  traffic: 
Gj  = .01  (Aj  = .01)  and  G = .1  (Aj  = .09).  Five  regions  appear  in  each 
of  these  figures. 

In  the  first  (shaded)  region,  the  mixed  mode  is  not  feasible. 

A vertical  line  delimits  this  region;  at  the  large  user,  one  cannot 
achieve  a throughput  greater  than  .98  (A ^ = .01,  Figure  6.7)  or  .89 
(Aj  = .09,  Figure  6.8)  because  of  the  presence  of  the  small  users. 

In  the  second  and  third  regions,  the  "split-channel"  mode  is 
not  feasible;  the  shaded  region  (a  < A?)  is  forbidden,  since  with  a 
bandwidth  ocW  one  cannot  achieve  a throughput  A^  greater  than  a at  the 
large  user.  'Hie  shaded  region  (a  > (1  - eA^))  is  also  forbidden, 
since  with  a bandwidth  (1  - a)W,  one  cannot  achieve  a throughput  greater 
than  1/c  for  the  small  users. 

In  the  two  remaining  regions,  both  the  split-channel  mode  and 
the  mixed  mode  are  feasible  and  comparable.  The  contour  for  aQ,  which 
is  the  solution  of  Eq.  (6.16),  is  plotted  versus  A,,.  The  contour 
versus  A,  delimits  the  two  regions.  Below  this  contour,  delays  at  the 
large  user  are  lower  with  the  mixed  mode  than  those  obtained  with  a 
split  channel  (IT,  < l\.) . Above  this  contour  the  split-channel  mode 
provides  lower  delays  (F\.  < t'^)  than  the  mixed  mode. 
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From  Figures  6.7  and  6.8,  it  is  clear  that: 

a)  The  larger  the  small  users  input  rate  is,  the  more  important 
is  the  increase  in  the  total  channel  throughput  achievable  with  the 
mixed  mode  compared  to  that  achieved  when  the  channel  is  split.  Given 
A^,  the  large  user  throughput  achievable  with  the  mixed  mode  ( . 89  at 

G = .l)  is  larger  than  that  which  we  achieve  with  a split  channel  (.76 
at  G = .1).  This  difference  increases  with  G. 

b)  The  mixed  mode  improves  the  throughput -del ay  performance 
(more  throughput,  lower  delays)  of  the  small  users.  In  addition,  it 
improves  the  large  user's  delay,  for  a large  range  of  large  users' 
throughputs  (A^  > 8^,  where  8Q  < .46  if  G > .1).  Even  if  values  of 

a (a  > cXq)  exist  such  that  a split  channel  is  better  (in  terms  of  the 
large  user's  delay),  we  will  not  select  such  an  a because  the  small 
users  incur  a significantly  higher  delay  with  this  value  of  ot  than  they 
do  when  they  share  the  entire  bandwidth  (e.g.,  G = .1,  < .46  small 

users'  delay  multiplied  by  3).  Furthermore,  from  a given  traffic  at  the 
small  users  (G  > .2),  splitting  the  channel  results  in  a worse  delay 
performance  at  both  the  large  user  and  the  small  users;  the  contour 
lies  above  the  maximum  value  of  a allowed  if  we  want  to  support  the 
small  users'  traffic  (constraint  4 in  Eq.  (6.17)). 

Thus,  the  mixed  mode  (MACS)  is  not  only  justified  in  terms  of 
the  small  users'  performance  and  channel  utilization,  but  it  also 
improves  the  large  user's  performance.  By  sharing  the  entire  bandwidth, 
the  large  user  achieves  more  throughput  with  delays  comparable  to  those 
incurred  when  he  is  dedicated  a part  of  the  channel. 
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6.1.6  Conclusion 

• The  MACS  access  mode  is  particularly  suitable  for  a population 

composed  of  a large  buffered  user  and  a large  number  of  small  bursty 
users . 

Indeed,  it  was  shown  in  Section  6.1.2  that  MACS  provides  a good 
channel  utilization  (>  2/e),  and  that  the  achievable  throughput  at  the 
large  user  is  important  when  the  small  users’  traffic  is  not  too  large, 
and  in  any  case  greater  than  1/e.  In  addition,  the  small  users'  packet 
delay  is  significantly  decreased  by  allowing  the  latter  to  share  the 
entire  bandwidth.  Finally,  it  was  shown  in  Section  6.1.5  that  MACS 
performs  bettor  than  a mode  where  the  channel  is  split  into  two  sub- 
channels, one  dedicated  to  the  small  users,  the  other  one  to  the  large 
user;  MACS  improves  the  performance  of  both  the  large  user  and  the 
small  users. 

Until  now,  the  population  of  small  users  has  been  considered 
large  in  number.  In  the  next  section  we  consider  the  case  of  a small 
number  of  users  requiring  buffering  capability  and  we  introduce  a mixed 
mode  where  we  include  the  traffic  of  these  small  buffered  users,  as  well 
as  the  traffic  of  a large  buffered  user  on  a single  channel. 


6.2  Mixed  Alternating  Priorities  Carrier  Sense  Multiple  Access 


MAPCS 


We  consider  a population  composed  of  N buffered  users,  called 
small  users  (N  not  too  large,  e.g.,  N £ 20)  and  one  large  buffered  user. 
All  (N  ♦ 1)  users  are  within  range  and  in  line  of  sight  of  each  other. 
All  users  transmit  packets  of  length  bm  hits  and  have  Poisson  packet 
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arrival  (generation)  processes  which  are  independent  of  each  other. 

The  (combined)  intensity  of  the  small  users  arrival  process  is  A^ ; the 
arrival  process  intensity  at  the  large  user  is  A^.  We  wish  to  share  a 
single  channel  of  bandwidth  IV  among  those  (N  + 1)  users.  As  in  the 
previous  section,  we  require  a short  response  time  (packet  delay)  for  a 
small  user,  and  thus  we  wish  to  give  priority  to  the  small  users  over 
the  large  user.  Since  we  have  a finite  number  of  buffered  users  hearing 
each  other,  one  may  here  apply  the  methods  developed  in  Chapter  3 for 
multiplexing  the  (N  + 1)  users  over  the  channel. 

6.2.1  Extension  of  the  Access  Modes  Studied  iti  Chapter  3 

In  Chapter  3,  we  introduced  four  protocols,  HOL,  AP,  RR  and  RO. 
Below,  we  define  a fifth  protocol  which  is,  as  a matter  of  fact,  a 
mixture  of  HOL  and  any  of  the  three  protocols,  AP,  RR  and  RO.  This 
protocol  has  exactly  the  same  features  as  the  four  protocols  developed 
in  Chapter  3.  In  particular,  the  channel  model  is  that  introduced  in 
Chapter  2,  and  the  slot  configuration  and  operational  features  are  those 
described  in  Section  3.1.  We  define  the  new  protocol  by  defining  a new 

assignment  rule.  Denote  by  u^ u^,  ll^+j  the  (N  + 1)  users.  Then 

the  assignment  rule  orders  the  (N  + L)  users  in  a given  slot.  Let 


u , u 

V V 


u , u 

V.,  , 

N N+l 


be 


the  ordered  sequence  of  users  in  the  current  slot  ( { tt ^ , ...,  7T^,  ^n+^} 


is  a permutation  of  1,  2,  ...,  N,  N + 1).  The  user  u has  the  highest 


priority  to  transmit  a packet  in  this  slot.  If  u^  has  no  packet  to 

transmit,  u has  the  highest  priority,  etc.  If  u , ....  u are  idle, 
*2  1 N 
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and  if  u has  a packet  to  transmit  in  this  slot,  he  will  transmit  it. 
TTN+ 1 

Otherwise  the  slot  is  unused  and  the  assignment  rule  orders  the  users 
in  sequence  (possibly  the  same  sequence)  for  the  next  slot,  at  the 
beginning  of  whi  cli  the  process  starts  again.  By  sensing  the  carrier, 
each  user  knows  if  higher  priority  users  are  idle  or  not,  except  the 
highest  priority  user  who  transmits  without  sensing  the  carrier  (see 
Section  3.1).  The  slot  configuration  is  reproduced  below  in  Figure  6.9. 


-SLOT 


-I 


E 

INFORMATION  PACKET 

3 

Minislot 


1 h 

N Minislots 


Figure  6.9.  Slot  Configuration. 

6.2.2  Protocol 

The  large  user  always  has  the  lowest  priority  and  thus  transmits 
a packet  (if  any)  in  a given  slot  only  if  all  small  users  are  idle  in 
this  slot.  The  N small  (identical)  users  compete  for  the  channel 
according  to  the  AP  protocol  (we  could  also  have  chosen  RR  or  RO) . 

They  are  not  affected  by  the  presence  of  the  large  user  and  the  protocol 
under  which  they  operate  is  that  described  in  Section  3.2.2*.  The  large 
user  senses  the  carrier  at  the  beginning  of  each  slot  if  he  has  a 
packet  to  transmit: 


< -i  t that  the  overhead  in  each  slot  is  noi.  (N  + 1)  minislots  (Figure 
.te.id  of  N (Figure  3.1),  and  therefore  the  transmission  of 
at  rmation)  packet  at  each  small  user  is  delayed  by  a supplemen- 
ts u lot  (see  Section  3.2.2). 


>3 

4 
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S2  = 1 - S1  • 


6 . 2 . 3 . 2 Comparison  with  S lotted  ALOHA  Finite  Population 

As  we  did  for  MACS,  we  compare  the  throughput  performance  under 
MAPCS  with  that  obtained  when  the  (N  + 1)  users  (1  large  user  and  N 
small  users)  compete  on  the  same  channel  in  a slotted  ALOHA  fashion. 
(Here  all  users  have  the  same  priority.)  This  slotted  AL  HA  finite 
population  model  was  first  studied  by  Abramson  [ABRA  73]. 

This  approach,  as  in  the  approach  to  the  slotted  ALOHA  large 
user  (plus  infinite  population)  model  (see  Section  6.1.2  and  [ABRA  73]), 
allows  us  to  exceed  the  1/e  limit  on  the  slotted  ALOHA  capacity,  when 
the  large  user's  traffic  is  higher  than  the  (combined)  small  users' 
traffic.  Indeed  the  large  user  is  buffered  and  his  packets  never  con- 
flict with  each  other;  they  conflict  only  with  the  small  users'  packets. 
In  addition,  this  model  does  not  require  all  users  to  hear  each  other. 

We  use  the  same  definitions  and  notation  as  those  of  Section  6.1.2  for 
the  "large  user  model."  The  only  difference  between  the  two  models  is 
that  the  population  of  small  users  is  finite  in  number.  It  can  be 
shown  [ABRA  73],  [LAM  74]  that 


, ■ 4 - 4 
2-2(‘4)n 


G.  \ N-l 


(1  - g2) 


a2  - g2 


and  the  maximum  channel  throughput, 


A = A + A2 


(6.22) 


(6.23) 


(6.24) 


G1  + fi2  = 1 * 


(6.25) 


Throughput  and  traffic  rates  are  normalized  with  respect  to  the  packet 


transmission  time  T = b /W. 

m 

When  the  small  users'  traffic  is  very  small  (G^  = 0,  Aj  = 0) , 
the  large  user  may  then  achieve  a throughput  of  1;  A,  = 1.  In  other 
words,  the  total  channel  utilization  may  reach  1 (when  the  small  users 
are  quiet) . 

In  the  MAPCS  mode,  for  all  values  of  the  small  users'  traffic, 

the  maximum  total  channel  utilization  cannot  exceed  t rs — 

1 + (N  + l)a 

(Eq.  (6.18)).  In  Chapter  3 we  discussed  at  length  the  degradation  of 
performance  under  AP,  RR  and  RO,  with  increasing  values  of  N.  We  are 
interested  in  finding,  for  each  value  of  the  throughput  rate  A^  of  the 
small  users,  the  critical  value  of  the  number  of  small  users  N 

cn  t 

beyond  which  the  maximum  channel  throughput  C under  MAPCS  is  lower  than 

that  A obtained  under  slotted  ALOHA:  C = 1/1  + (N  + l)a  = A. 

Solving  the  system  composed  of  the  previous  equation  and  Eqs. 

(6.22)  through  (6.25),  we  get  N^.  ^ as  a function  of  Aj.  N ^ is 

plotted  versus  A^  in  Figure  6.10.  Four  regions  are  shown  in  this  figure. 

The  first  (shaded)  region  is  delimited  by  the  contour  Aj  = y -■  ^ . 

Above  this  contour,  MAPCS  is  infeasible.  The  second  (shaded)  region  is 

the  infeasible  region  for  ALOHA;  for  A^  > 1/e,  the  maximum  number  N of 

users  decreases  very  fast  with  A^  (N  = 5 for  A^  = .4,  N = 2 for  A^  = .5). 

The  contour  N . versus  A.  for  A,  < 1/e  delimits  the  two  remaining 
cnt  11  b 

(non-shaded)  regions  where  both  ALOHA  and  MAPCS  are  feasible.  Above 
this  contour,  ALOHA  provides  a higher  total  channel  throughput  than 
MAPCS  does.  MAPCS  perfoms  better  below  this  contour. 

In  conclusion,  one  main  advantage  of  MAPCS  is  to  allow  much 
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higher  small  users'  throughputs  than  ALOHA  for  a significant  number  of 


users  (Nmax  = 66  for  = .6;  Nmax  = 25  for  Aj  = .8).  In  addition,  for 
small  users'  throughput  of  less  than  1/e,  the  number  of  users  N must  be 
fairly  large  in  order  to  obtain  a channel  throughput  with  slotted  ALOHA 
which  is  higher  than  that  obtained  with  MAPCS  (N  = 90  if  A^  = .1  ; 

N = 140  if  Aj  = .2) . 


6. 2. 3. 3 Delays 


The  average  packet  delay  at  a small  user  is  given  by 
Eq.  (3.27)  where  we  now  replace  p by  (indeed,  p = Sp 


kl  = 2(1  - S")  + 1 (slots) 


(6.26) 


To  derive  the  expected  packet  delay  A9  at  the  large  user,  we 
can  either  apply  the  conservation  law  (Section  3.4)  or  use  a direct 
argument. 

Conservation  Law: 

Since  the  system  is  conservative  and  non -preemptive  (see 
Section  3.4)  the  expected  waiting  times  at  each  user  are  related  by  the 
following  linear  equation  (Eq.  (3.12)): 


I,  piwi  = rf?  wo + pTo 

i= i ' 

where  the  expected  waiting  at  the  small  users  is 


W.  = Aj  - 1 = 2'('f "_~'s  ')  (slots)  i = 1,  N 


[ Pi*  Ml  + CN  ♦ l)a)T  = S. 
i=  1 1 1 1 


PN+1  = X2(1  + (N  + 1)a)T  = S2 


p = L Pi  = * s2  = S 


where  W^  as  given  by  Eq.  (3.7)  becomes 


Nq  = | (slots) 


0 _ 1 , , 

T0  2T0  2 (slot) 

and  = A2  - 1 is  the  expected  waiting  time  of  a packet  at  the  large 

user,  our  unknown. 

Then  Eq.  (3.12)  becomes 


N+l  2(1  - S) (1  - S ) 


(s lots) 


(6.27) 


and  the  expected  packet  delay  is 


A2  1 + 2(1  - S)(l  - S ) 


(6.28) 


Di  rect  Argument : 


For  the  large  user,  the  N small  users  behave  like  a single  user 
with  higher  priority.  We  then  obtain  the  packet  delay  at  the  large  user 
by  considering  the  whole  system  as  an  HOL  system  with  two  users,  one 
with  (combined)  input  rate  S (per  slot)  and  the  other  one  with  input 
rate  S,,  (per  slot)  . 

Therefore,  the  delay  at  the  large  user  (user  with  lower  priority) 
is  given  by  Eq.  (3.28) 


A2  = 1 + 2(1  - o2)(l  - 0j) 


(6.29) 


where 

Oj  = Xj (1  + (N  + l)a)T  = SL  (6.30) 

a2  = Ax ( 1 + (N  + l)a)T  + X2(l  + (N  + l)a)T  = S (6.31) 

I 

Substituting  Eq.  (6.30)  and  Eq.  (6.31)  into  Eq.  (6.29),  we  obtain 
Eq.  (6.28). 

It  remains  to  compare  the  performance  predicted  by  our  model 
(Eqs.  (6.18),  (6.26)  and  (6.28)  with  that  obtained  when  we  dedicate 
separate  channels  to  the  large  user  and  the  small  users. 


6.2.4  MAPCS  versus  Split  Channel 

Given  the  two  independent  sources,  i.e.,  the  large  user  and  the 
small  users,  the  question  arises  as  to  whether  one  should  mix  them  on 
the  same  single  channel  of  bandwidth  W,  according  to  a mode  like  MAPCS, 
or  whether  one  should  split  the  channel  into  two  parts,  one  of  band- 
width otW  for  the  large  user,  and  one  of  bandwidth  (1  - a)  for  the  small 
users . 

Since  the  small  users  control  the  channel  under  MAPCS  (the 
small  users  have  priority  over  the  large  user),  they  perform  best  with 
MAPCS  which  provides  them  the  entire  bandwidth.  By  splitting  the 
channel,  we  decrease  the  maximum  achievable  throughput  for  the  small 
users  by  a factor  of  approximately  ( 1 - a)  and  increase  the  packet 
delay  by  a factor  close  to  --  . Therefore,  one  reason  for  introduc- 
ing the  MAPCS  mode  is  to  decrease  the  packet  delay  and  increase  the 
achievable  throughput  for  the  small  users. 

In  MAPCS , the  large  user's  performance  is  much  affected  by  the 
presence  of  the  small  users.  In  particular,  if  the  small  users  input 
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rate  (A^)  is  high,  the 

(A2  = 1 + (N  + l)a  ' A1 
user  may  become  prohibitive  so  that  one  may  be  led  to  choose  a 

separate  channel  for  the  large  user. 

As  in  Section  6.1.4,  we  want  to  determine  the  regions  in  the 

(a,  A2)  plane  for  various  values  of  the  input  rate  A^  of  the  small  users, 

in  which  splitting  the  channel  will  provide  a better  performance  at  the 

large  user  without  degrading  the  small  users  performance  too  much 

(a  not  too  large) . 

When  the  large  user  is  dedicated  a separate  channel  of  band- 
width aW,  the  expected  packet  delay  at  the  large  user  Ds(ot)  (normalized 
with  respect  to  T = bm/W)  is  given  by  Eq.  (6.14). 

The  expected  packet  delay  at  the  large  user  D^,  normalized  with 
respect  to  T,  under  MAPCS  is 


large  user's  throughput  (A2)  is  small. 


\ , and  the  average  packet  delay  at  the  large 


D2  = (1  + (N  ♦ l)a)A2 


where  is  given  by  Eq.  (6.28).  We  have 

L 


D2  = (1  + (N  + 1)  a) 


1 + 


1 

2(1  - S) (1  - Sj) 


Recalling  that 


S = (Aj  + X2)(l  ♦ (N  + 1)  a)T 
= (Aj  ♦ A2)(l  + (N  + 1) a) 


and 


Sj  = A j (1  ♦ (N  + 1)  a)T  = Aj(l  + (N  + l)a) 


(6.32) 


(6.33) 


(6.34) 
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We  can  find  which  solves  the  following  system 

D2  = Ds(a) 

a0  > A2 

a0  < 1 - A (6.35) 


if  0 < a < aQ 

then 

D2  < 

US 

if  dp  < a < 1 

then 

°2  > 

DS 

Equating  the  right-hand  side  of  Eq.  (6.14)  and  Eq.  (6.32),  substituting 
Eq.  (6.33)  and  Eq.  (6.34),  we  obtain  a second  degree  equation  in  a. 

For  given  values  of  the  (combined)  input  rate  of  the  smal 1 users  , 
and  the  input  rate  of  the  large  user  A , the  system  (6.35)  has  one 
and  only  one  solution  cxq. 

In  Figures  6.11  and  6.12  we  plot  aQ  versus  for  N = 25  users, 
for  various  values  of  the  input  rate  A (.16  (S^  =.2)  and  .56  (S^  =.7)). 

As  in  Figures  6.7  and  6.8,  five  regions  are  delimited;  three 
shaded  regions  are  forbidden,  one  for  MAPCS  (A2  > } + j)a  " Aj) , 

the  two  others  for  the  split  channel  mode  (a  < 1 - a < A^) . In  the 

two  remaining  regions  MAPCS  and  the  split  channel  mode  are  comparable. 
These  two  last  regions  are  delimited  by  the  contour  versus  k^. 

Above  the  contour,  if  we  split  the  channel,  we  get  lower  delays  at  the 
large  user  than  with  the  mixed  mode;  below  the  contour,  MAPCS  provides 
lower  delay  than  that  obtained  by  splitting  the  channel. 

Comparing  MAPCS  to  a "split  channel"  mode,  we  observe  different 
trends  than  the  ones  we  observed  when  comparing  MACS  (large  user  and  a 
large  number  of  small  users,  see  Section  6.1.4),  namely 

a)  by  splitting  the  channel,  one  may  achieve  a higher 
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NORMALIZED  LARGE  USER  INPUT  RATE  A2 
Figure  6.11.  MAPCS  and  Split  Channel  : a vs  A2. 
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Figure  6.12.  MAPCS  and  Split  Channel  : avs  A. 
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the  small  users' performance.  The  maximum  achievable  throughput  A? 
depends  on  and  N:  If  N = 25  and  Aj  = .16  (Sj  = .2)  (Figure  6.11), 

then  A^  £ . 84  (instead  of  .63  with  MAPCS) . But  to  achieve  a limiting 
throughput  of  .84,  we  have  to  split  the  channel  so  that  a _>  .84, 
increasing  then  the  delays  at  the  small  users  by  a factor  of  approxi- 
mately 5. 

b)  The  choice  of  the  access  mode  (MAPCS  or  split  channel)  will 
depend  on  the  small  users'  traffic.  If  the  latter  is  high,  splitting 
the  channel  will  not  significantly  degrade  the  small  users'  delay: 

If  Aj  = .56  (Sj  = .7)  (Figure  6.12),  by  choosing  a = .4  we  approximately 
double  the  delay  for  the  small  users;  we  have  a better  delay  for  the 
large  user  for  most  values  of  A?  and  we  may  achieve  a large  user 
throughput  of  .44  (instead  of  .23  with  MAPCS).  If  the  small  users' 
traffic  Aj  is  small  (Figure  6.11),  splitting  the  channel  degrades  the 
small  users' performance  quite  significantly. 

Therefore,  compared  with  a split  channel  mode,  MACS  and  MAPCS 
differ  in  the  following  respects: 

1)  For  N = 25,  MAPCS  achieves  a smaller  channel  utilization 
than  the  split  mode*,  while  MACS  achieves  a larger  channel  utilization 
than  the  split  mode. 

2)  The  larger  N is,  the  smaller  is  the  maximum  achievable 
throughput  with  MAPCS.  The  large  user  throughput  is  greater  with  MACS 
than  with  MAPCS  if  N is  not  too  small  (N  30)  and  Aj  < 1/e  (see  next 

* 

The  larger  N is,  the  smaller  is  the  channel  utilization  with  MAPCS. 
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3)  When  N is  not  too  large  (N  < 171),  the  small  users  maximum 

throughput  is  greater  with  MAPCS  than  with  MACS  > ^ ) 

at  the  expense  of  a smaller  throughput  at  the  large  user. 

4)  The  large  user's  delay  is  lower  by  splitting  the  channel 
than  with  MAPCS,  but  is  higher  than  with  MACS. 

Let  us  compare  precisely  MACS  and  MAPCS  in  terms  of  total 
channel  utilization  and  packet  delay  at  the  large  user. 

6.3  MACS  versus  MAPCS 

We  first  compare  the  throughput  characteristics  under  both 
schemes.  In  Figure  6.13  the  total  maximum  achievable  throughput  A, 
normalized  with  respect  to  T = b /W,  and  the  maximum  achievable  through- 
put of  the  large  user  A?,  are  plotted  versus  the  small  user's  normalized 
input  rate  . For  MACS  we  plot  A versus  Aj , and  A,,  versus  A^  for  all 
values  of  G (G  = 0 to  “) , as  given  by  Eqs.  (6.4)  and  (6.1)  where 
S = A(1  + 2a)  and  S,,  = A2 C 1 + 2a).  As  discussed  in  Section  6.1,  only 
values  of  G <_  1 will  be  considered  as  an  approximation  for  a stable 
channel  (a  channel  which  never  drifts  into  saturation).  With  MAPCS,  A 
is  equal  to  y- ^ i')a  (Eq.  (6.18))  for  all  values  of  the  small  users' 
input  rate,  and  the  maximum  achievable  throughput  at  the  large  user  is 

A„  = 777^ — rr A,.  A and  A„  are  plotted  for  two  values  of  the  num- 

2 1 + (N+l)a  1 2 1 

ber  of  small  users:  N = 10  and  N = 50.  When  N is  large  (N  = 50),  MACS 

achieves  a higher  throughput  than  MAPCS.  When  N is  small  (N  = 10),  this 
is  true  only  for  Aj  < .32.  However  with  MACS  one  can  only  achieve  a 

small  users'  throughput  of  less  than  or  equal  to  1/e;  for  A ^ > 1/e 
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LARGE  USER'S  THROUGHPUT  A2  (PACKETS/T) 


TOTAL  THROUPUTA=A1+A2  (PACKETS/T) 


only  MAPCS  is  feasible.  But  if  N is  very  large  N > 171, 

1 + (!*/+  1)  a < e^  then  the  maximum  achievable  throughput  of  the  small 
users,  as  well  as  the  capacity  of  the  channel  under  MAPCS,  are  less  than 
that  provided  by  slotted  ALOHA. 

These  statements  are  illustrated  in  Figure  6.14,  where  feasible 
regions  for  both  MAPCS  and  MACS  in  the  (N,  Ap  plane  are  shown.  For 
A > — - — -TT — , MAPCS  is  not  feasible.  MACS  is  not  feasible  when 
A^  > i.  The  infinite  population  model  in  the  analysis  of  slotted  ALOHA 
[LAM74],  [KLEI  7SA]  assumes  that  we  are  in  the  presence  of  a large  num- 
ber of  unbuffered  users.  This  is  no  longer  appropriate  when  N is  small. 
In  particular,  those  N (<  10)  users  now  require  buffering  capabilities 
(when  N is  large,  for  all  values  of  the  (combined)  small  users'  input 
rate,  buffers  are  not  necessary  since  the  expected  packet  intergener- 
ation time  is  larger  than  the  expected  packet  delay).  However  N = 10 
represents  un  upper  bound  to  the  number  of  users  for  which  buffering  is 
required.  Indeed  for  very  small  A^ , even  with  five  users  we  probably  do 
not  need  buffering  capabilities. 


In  the  remaining  region,  MACS  is  feasible  (and  also  MAPCS  if 
I-  +~ (N~+~ lja  > ^e'  N < 171)*  In  this  region  MACS  and  MAPCS  are 

comparable.  We  wish  to  compare  them  in  terms  of  maximum  achievable 


throughput  at  the  large  user  for  A^given,  and  therefore  in  terms  of 
total  channel  throughput  for  A^  given. 

By  solving  the  following  system  in  N,  we  obtain  the  minimum 


value  of  the  number  of  users,  beyond  which  MACS  provides  higher 

throughput  than  MAPCS: 


NUMBER  OF  SMALL  USERS  N 


MAPCS  x' 
INFEASIBLE  x> 


MAPCS  BETTER 
^ SMAPCS  > SMACS 


MACS  INFEASIBLE 


V.  -4  .6 

SMALL  USERS  INPUT  RATE  A, 
Figure  6.14.  MACS  and  MAPCS:  N v*  A,. 


CS 
BETTER 


ACS  > SMAPCS 


SMACS  * (1  * G>' /l  * 2a 


A,  = AT  . 

1 1 1 + 2a 


MAPCS  “ 1 + (N  +l)a 


(6.36) 


SMACS  S MAPCS 

For  each  value  of  l/e(l  + 2a),  there  is  one,  and  only  one 

solution  ^ ^ (A  ) and  this  we  plot  in  Figure  6.14.  In  the  region  be- 

low the  contour  Ncr^t  versus  (which  turns  out  to  be  very  narrow), 

^MAPCS  exceeds  ^MACS'  ^b°ve  this  contour,  i.e.,  nearly  in  every  point 
where  MACS  is  feasible,  exceeds  The  larger  is  N,  the 

larger  is  the  difference  SMACS  - S^p^g  (e.g.,  if  N = 171,  and  if  A^  = 0 

S MAPCS  = 1/e'  SMACS  = ,98')‘ 

It  remains  to  compare  the  delay  performance  of  the  large  user 
under  MACS  and  MAPCS.  Eq.  (6.15)  and  Eq.  (6.32)  give  the  expression 
for  the  expected  packet  delay  normalized  with  respect  to  T.  I).,  is 
plotted  versus  for  various  values  of  Aj  in  Figure  6.15  (N  = 10) 

and  in  Figure  6.16  (N  = 50).  We  note  from  these  two  figures  that  when 

the  small  users  input  rate  A^  is  small,  MACS  performs  the  best.  As  a 
matter  of  fact,  the  larger  N is,  the  more  important  is  the  difference  in 
delay  performance  (at  the  large  user)  between  the  two  systems. 

However  when  we  approach  A^  = 1/e  (for  MACS,  1/e  is  the  limit- 
ing throughput  at  the  small  users  with  infinite  delays  at  the  small 

users),  the  delay  at  the  large  user  increases  very  fast  in  MACS.  Thus 


for  values  of  Aj  around  1/e,  MAPCS  provides  lower  delays  at  the  large 
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NORMALIZED  LARGE  USER'S  PACKET  DELAY  D 


20 


a = .01 

N = 10 


A-j  = 1/e 


MAPCS 

MACS 


i. 


* 


NORMALIZED  LARGE  USER'S  PACKET  DELAY: 


In  conclusion,  the  Mixed  Alternating  Priorities  Carrier  Sense 
mode  (MAPCS)  is  particularly  appropriate  when  the  background  of  small 
users  is  not  large  in  number  (N  £ 10).  MAPCS  allows  high  input  rates 
at  the  small  users,  but  requires  that  all  small  users  be  in  line  of 
sight  and  within  range  of  each  other. 

The  Mixed  ALOHA  Carrier  Sense  mode  (MACS)  does  not  allow  input 
rates  in  the  background  exceeding  1/e,  but  does  not  require  that  all 
users  hear  each  other.  MACS  is  particularly  suitable  for  a background 
composed  of  a large  number  of  bursty  users  and  performs  better  than 
MAPCS. 
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CHAPTER  7 

CONCLUSIONS  AND  SUGGESTIONS  FOR  FUTURE  RESEARCH 
7 . 1 Conclusions 

Packet-switched  ground  radio  systems  provide  attractive 
solutions  to  the  interconnection  between  (potentially  mobile)  terminals 
scattered  over  wide  geographical  areas  and  packet- switched  computer 
communication  networks.  New  packet-switched  radio  techniques  have  been 
introduced  in  the  past  few  years  as  an  alternative  to  the  conventional 
wire  communication  techniques  which  have  been  adapted  to  a radio  envi- 
ronment. These  new  techniques,  called  random  access  techniques  (e.g., 
ALOHA,  CSMA)  provide  the  multiple  access  of  a broadcast  channel  to  a 
large  number  of  users.  Measurement  studies  [JACK  69]  conducted  on  time- 
sharing systems  indicate  that  both  computer  and  terminal  data  streams 
are  bursty.  Consequently,  if  a high-speed  channel  is  used  for  the  com- 
munication between  two  points  (terminal  and  computer) , the  channel 
utilization  is  low  since  the  channel  is  idle  most  of  the  time.  On  the 
other  hand,  if  a low-speed  point-to-point  channel  is  used,  the  delay  is 
large.  As  a result,  random  access  techniques  have  been  introduced  in 
which  the  channel  is  dynamically  shared  among  all  users  and  the  required 
channel  capacity  is  much  less  than  in  the  unshared  case  of  dedicated 
channels.  This  concept  has  also  been  applied  to  conventional  schemes 
(e.g..  Polling).  However,  random  access  techniques  present  the  advan- 
tage of  not  requiring  the  control  from  a master  user,  while  conventional 
techniques  (such  as  Polling)  do.  This  control  from  a central  station 


a 
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(e.g.,  computer)  is  not  desirable  for  many  reasons  including  reliability. 


difficulty  in  mobile  environments,  cost  in  overhead,  or  complexity  in 
point-to-point  communications. 

When  we  are  in  the  presence  of  a small  number  of  users  requir- 
ing buffering  space  for  more  than  one  packet,  random  access  techniques 
are  not  necessarily  optimal.  New  multiple  access  techniques  are 
needed. 

The  first  objective  of  this  research  was  to  provide  the 
communication  system  designer  with  new  access  modes  to  the  radio  chan- 
nel. These  access  modes  are  suitable  for  a small  number  of  users  and  do 
not  require  control  from  a central  station.  Alternating  Priorities  (AP) , 
Round  Robin  (RR)  and  Random  Order  (RO)  were  introduced  as  new  multi- 
plexing techniques.  Their  performance  was  shown  to  be  heavily  affected 
by  the  number  of  users  N,  and  the  major  assumption  was  made  that  all 
users  are  in  line  of  sight  and  within  range  of  each  other.  When  N < 20, 
the  capacity  of  the  channel  is  larger  under  those  new  modes  than  that 
obtained  with  CSMA,  and  they  provide  a delay  performance  comparable  to 
that  of  Polling.  However  the  performance  of  AP,  RR  and  RO  degrades 
badly  when  N increases.  A modification  to  AP,  RR  and  RO  was  introduced 
which  reduces  this  performance  degradation  when  N is  not  too  large 
(N  <_  50) . 

A good  solution  to  the  problem  is  provided  by  a new  multiple 
access  scheme,  Mini-Slotted  Alternating  Priorities  (MSAP) . MSAP  was 
shown  to  achieve  a channel  capacity  of  one  and  to  perform  better  than 
Polling.  Compared  to  random  access  techniques  (CSMA),  MSAP  provides 
better  delays  under  heavy  traffic  conditions.  At  light  traffic,  when 
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the  number  of  users  is  very  large  (N  > 100) , CSMA  provides  much  better 


delays.  For  N 100,  the  packet  delay  under  MSAP  is  slightly  larger 
than  under  CSMA.  MSAP  assumes  that  all  users  are  within  range  and  in 
line  of  sight,  but  presents  the  following  advantages: 

i)  It  is  suitable  for  all  values  of  the  number  of  users  N. 

ii)  It  allows  buffering  capability  at  each  user, 

iii)  It  does  not  require  the  control  from  a master  user, 

iv)  Its  performance  is  optimal  when  the  number  of  users  is 

large,  except  at  light  traffic,  in  which  case  random  access 
techniques  perform  better. 

AP,  RR,  RO  and  MSAP  have  been  introduced  as  new  methods  of  multiplexing 
a homogeneous  population  of  users. 

The  second  objective  of  this  dissertation  was  to  introduce  new 
methods  of  multiplexing  a buffered  large  user  and  a population  of  small 
users  on  the  same  radio  channel.  The  communication  channel  is  to  be 
shared  by  two  independent  sources  of  traffic  (a  large  user  and  a popu- 
lation of  small  users);  the  simplest  solution  is  to  assign  a dedicated 
channel  to  each  source.  However,  by  dynamically  sharing  the  channel 
in  some  fashion  among  the  two  sources,  the  required  channel  capacity  may 
be  much  less  than  in  the  unshared  case  of  dedicated  channels,  especially 
if  one  (or  both)  source (s)  is  (are)  bursty. 

Three  examples  of  application  are  considered: 

(1)  One  file  user  and  a collection  of  interactive  users. 

(2)  A repeater*  (or  central  station)  and  terminals 

★ 

In  wide  geographical  areas,  repeaters  are  required  to  extend  the  range 
of  terminals  and  computers. 


(3)  A computer  and  repeaters. 

The  Mixed  ALOHA  Carrier  Sense  (MACS)  access  mode  was  introduced  as  a 
method  of  multiplexing  a large  population  of  bursty  (small)  users  and  a 
large  user  within  range  and  in  line  of  sight  of  all  small  users  (examples 
(1)  and  (2)  above) . The  small  users  contend  for  the  channel  in  a slotted 
ALOHA  fashion.  The  slotted  ALOHA  access  mode  [KLEI  7SA]  is  an  efficient 
random  access  method  of  multiplexing  a large  number  of  bursty  users  and 
presents  the  advantage  of  being  very  simple  to  implement.  But  the  chan- 
nel utilization  with  slotted  ALOHA  is  very  limited  (1/e).  By  providing 
the  total  available  bandwidth  to  the  small  users,  we  increase  the 
achievable  throughput  at  the  small  users  and  decrease  their  packet  delay. 
With  MACS,  the  large  user  "steals"  a large  part  of  the  wasted  capacity 
(which  is  1 - 1/e  in  slotted  ALOHA).  We  have  shown  that  not  only  is  the 
small  users'  performance  improved,  but  also  the  performance  of  the  large 
user  is  better  with  MACS  than  it  is  when  dedicated  channels  are  assigned 
to  the  large  user  and  the  small  users . 

If  the  population  of  small  users  is  composed  of  a few  buffered 
users  (example  (3)  above),  we  may  apply  the  same  idea.  This  was  done  in 
the  Mixed  Alternating  Priorities  Carrier  Sense  (MAPCS)  access  mode.  In 
MACPS,  the  small  users  share  the  total  available  bandwidth  under  the  AP 
protocol.  The  large  user  steals  the  slots  unused  by  the  small  users. 

MACPS  provides  a very  good  performance  to  the  small  users.  However  the 

/ 

large  user's  performance  is  much  affected  by  the  presence  of  the  small 
users . MAPCS  allows  a high  input  rate  at  the  small  users,  but  this  high 
input  rate  at  the  small  users  implies  a small  throughput  and  high  delays 
at  the  large  user. 


7.2 


Extensions  to  this  Research 


7.2.1  Extension  to  MSAP  and  Polling 

MSAP  has  been  shown  to  provide  the  best  performance  of  all 
existing  ground  radio  multiple  access  techniques  for  a homogeneous  popu- 
lation of  (possibly)  buffered  users  within  range  and  in  line  of  sight  of 
each  other,  under  heavy  traffic  conditions. 

At  light  traffic,  if  the  number  of  users  is  large  (N  < 50), 
random  access  techniques  provide  a better  delay  then  MSAP  or  Polling. 

We  make  the  following  suggestion  to  reduce  the  delay  at  light  traffic 
under  MSAP  and  Polling: 

The  N users  are  split  into  k disjoint  groups  (k  > 1) , each  of 

I N i 

them  composed  of  h = Jj-J  users*.  After  M (<  N)  unsuccessful  attempts 
to  find  a busy  user  under  the  original  protocol  (MSAP  or  Polling),  a 
group  of  users  contend  for  the  channel  in  a slotted  ALOHA  fashion. 

Either  (a)  One,  and  only  one,  user  among  the  h users  of  the  group 
has  a packet  to  transmit.  This  packet  is  success fuly  trans- 
mitted. At  the  end  of  the  transmission,  operate  as  in  the 
original  protocol,  or 

(b)  More  than  one  user  in  the  group  transmit  a packet;  their 
packet  transmissions  collide.  At  the  end  of  transmission,  the 
h users  are  scanned  one  by  one  as  in  the  original  protocol,  or 

(c)  No  busy  user  is  found.  Then  (one  minislot  later  in  MSAP, 
r (>  1)  minislots  later  in  Polling)  another  group  of  h users 
contend  for  the  channel  in  a slotted  ALOHA  fashion  and  we 


except  one  group  which  is  composed  of  N - (k  - 1)  -t- 
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operate  as  above. 


r 


i 


i 


l-r 

l i 


r.  j 

S'1-  ■ 


1 


7.2.2  lixtension  to  MACS  and  MALCS 

MACS  and  MALCS  are  two  techniques  of  multiplexing  a large  user 
and  a population  of  small  users  on  the  same  radio  channel.  We  suggest 
to  extend  the  same  idea  to  various  types  of  small  user  populations.  As 
an  example,  we  might  consider  a population  of  a a small  number  of  bursty 
users  who  do  not  require  a fast  response  time.  We  might  then  multiplex 
these  users  in  TOMA  and  allow  the  large  user  to  steal  the  slots  assigned 
to  an  idle  user. 

Another  extension  would  be  to  study  the  inclusion  on  the  same 
channel  of  the  traffic  of  an  infinite  population  of  small  users  as  well 
as  the  traffic  of  a finite  number  (>  1)  of  large  users. 

7.2.3  Packet  Radio  Netwo:  _s 

Throughout  this  dissertation  we  considered  single-hop  systems: 
a number  of  users  communicating  with  each  other  or  with  a central  station 
in  line  of  sight  and  within  range  of  all  users.  In  wide  geographical 
areas,  repeaters  are  required  to  extend  the  range  of  terminals  and  com- 
puters, thus  giving  rise  to  multihop  networks,  where  a packet  must  be 
stored  and  forwarded  by  at  least  one  node  (repeater)  when  being  trans- 
mitted from  source  (terminal)  to  destination  (terminal  or  computer) . 

The  design  of  packet  radio  networks  involves  a wide  range  of 
unsolved  problems,  e.g.,  routing,  behavior  and  performance  evaluation 
of  existing  multiple  access  schemes  for  various  configurations,  charac- 
terization of  the  traffic  burstiness,  etc.  We  make  the  following 
suggestion  concerning  the  choice  of  access  modes: 
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For  various  configurations,  systems  where  the  channel  is  shared 
among  all  users  according  to  a common  access  scheme  (e.g.,  ALOHA,  CSMA) 


ought  to  be  compared  to  dedicated  channel  systems.  In  the  latter, 
dedicated  channels  are  assigned  (possibly  dynamically)  to  clusters  of 
users  (repeaters)  in  the  network.  Within  each  cluster,  various  schemes 
may  be  chosen.  We  suggest  a study  of  the  decomposition  of  the  network 
in  clusters,  such  that: 

• In  each  cluster,  a particular  node  forwards  all  traffic  from 
the  cluster's  users  toward  another  cluster  to  which  it  also 
belongs . 

• Each  cluster  is  assigned  a dedicated  channel.  The  allocation 
of  channel  bandwidth  must  take  advantage  of  the  following 
considerations : 

• Two  "out  of  range"  clusters  may  use  the  same  bandwidth 
without  any  packet  interference. 

• The  traffic  of  a cluster  should  be  as  "unbursty"  as  pos- 
sible. When  two  neighbor  clusters  are  bursty,  it  may 
be  preferable  to  make  them  share  the  same  bandwidth. 

• A cluster  could  be  modelled  as  a population  composed  of 

• One  (or  more)  large  user(s) : the  repeater(s)  forwarding 
the  cluster's  traffic  toward  neighbor  clusters. 

• A population  of  small  users:  the  repeaters  (terminals) 
of  the  cluster. 

Then,  we  might  consider  MACS,  MAPCS,  or  other  similar  schemes,  the  study 
of  which  has  been  suggested  in  Section  7.2.2,  as  methods  for  multiplexing 
the  users  of  a cluster. 
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The  optimal  decomposition  of  the  network  into  clusters  depends 
on  various  parameters,  such  as  the  network  topological  configuration, 
the  traffic  burstiness,  etc. 


7.2.4  Application  to  Distributed  Packet  Switching  for  Local  (wire) 

Computer  Networks. 

The  schemes  introduced  and  analyzed  in  this  dissertation  are 
applicable  to  distributed  local  (wire)  Computer  Networks.  As  an  example, 
we  consider  the  operating  Ethernet  (see  [METC  76]  and  Chapter  1)  exper- 
imented along  a kilometer  of  coaxial  cable  with  a speed  of  3 Megabits/s. 
All  the  system  assumptions  defined  in  Chapter  2 are  applicable  to  the 
Ethernet  environment.  In  particular,  there  is  no  multipath  effect 
(Assumption  4).  Indeed  there  is  one  and  only  one  path  for  any  source- 
destination  pair  (tree  structured  topology).  All  stations  are  within 
range  of  each  other  (Assumption  7).  The  larger  the  packet  size  is, 
the  better  is  Assumption  6.  Indeed  for  packet  sizes  of  1024  bits 
and  4096  bits,  the  ratio  of  the  maximum  propagation  delay  between  any 
source-destination  pair  over  the  packet  transmission  time  is  respec- 
tively a = .02  and  a = .005.  The  delay-throughput  performance  of  AP 
and  MSAP  ought  to  be  compared  to  that  obtained  with  the  scheme  currently 
implemented  in  the  Ethernet  [METC  76].  In  any  case,  AP  and  MSAP  are 
suitable  to  such  a network  in  which  control  is  distributed  among  sta- 
tions. In  addition,  the  schemes  introduced  in  Chapter  6 (MACS  and 


MAPCS)  are  suitable  for  the  connection  between  separate  local  networks. 
Indeed,  consider  two  Ethernet  like  networks  connected  through  a gateway 
(large  user)  which  stores  and  forwards  all  packets  the  source  and 
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destination  of  which  do  not  belong  to  the  same  network  (and  therefore 
are  not  within  range  of  each  other).  This  gateway's  traffic  competes 
on  each  of  the  network  with  the  stations  local  traffic  (small  users). 


• ] 


The  introduction  and  implementation  of  packet  radio  techniques 
is  likely  to  have  a large  impact  on  the  data  communication  field. 

Studies  such  as  this  one  are  important  in  that  they  contribute  to  those 
techniques . 
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APPENDIX  A 

THE  QUEUE  M/G/l  WITH  REST  PERIOD  AND 
FI RST-COME- FIRST-SERVED  (FCFS)  ORDER  OF  SERVICE 

The  queue  M/G/l  with  rest  period  and  FCFS  order  of  service  has 
been  studied  by  Miller  [MILL  64].  Using  a simpler  approach  we  solve 
for  the  z-transform  of  the  distribution  function  of  the  number  in  system 
in  such  a queueing  system.  The  method  we  use  is  based  on  the  "imbedded 
Markov  chain"  approach  introduced  by  Kendall  [KFND  51]  and  used  exten- 
sively in  queueing  theory  [KLEI  75C] . We  then  give  some  results 
concerning  the  delay  and  the  busy  period  duration  in  such  a queueing 
system.  These  results  were  first  obtained  by  Miller  [MILL  64]. 

A. 1 The  Model 

Customer  arrival  instants  are  generated  by  a Poisson  point 
process  with  intensity  X.  Each  customer  requires  from  the  single  server 
a random  amount  of  service  time,  x.  The  service  times  are  identically 
distributed  with  Laplace-Stieljes  transform  (LST) , B*(s)  , and  are 
independent  of  each  other  and  of  the  arrival  process.  When  the  server 
completes  a customer’s  service,  he  will  select  the  next  one  in  queue, 
if  any,  according  to  a FCFS  discipline  and  begin  to  serve  him  immedi- 
ately. If  there  are  no  more  customers  in  queue  waiting  for  service  so 
that  the  server  goes  idle  for  lack  of  work,  he  will  be  withdrawn  from 
the  system  for  some  time  (which  we  call  a rest  period) , TQ  with 
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LST  R*(s).  At  the  end  of  the  rest  period,  the  server  will  return  and 
begin  to  serve  the  customers  that  have  accumulated  during  the  rest 
period.  If  there  is  no  backlog,  he  will  take  another  rest  period  which 
starts  immediately.  The  rest  periods  are  independent  of  each  other  and 
of  the  arrival  and  service  processes. 

The  main  derivation  is  that  of  the  z-transform  Q(z)  of  the 
distribution  function  of  the  number  in  system  q just  after  customer 
departure  instants.  It  is  shown  in  [MILL  64]  that  the  solution  at  these 
imbedded  Markov  points  provides  the  solution  for  all  points  in  time, 
under  steady  state  conditions. 


A. 2 z-Transform  of  the  Distribution  Function  of  the  Number  of 

Customers  in  System  just  after  the  Departure  Instants 


Theorem : 

The  z-transform  of  the  distribution  function  of  the  number  of 
customers  just  after  the  departure  instants  (and  therefore  that  of  the 
number  of  customers  in  system  at  all  points  in  time)  is  given  by 


Q(z) 


B*(A  - Az)  t1  - PHI  - R£(A  - Az)) 
AE(T  ) B * ( A - Az)  - z 


( A.  1 ) 


where,  as  in  a regular  M/G/l  queue  (without  rest  period) : 


p = AI:  (x) 


(A.  2) 


In  addition. 


P [system  is 


idle]  « p0 


(1  - p) (1  - R*(A)) 

AiTry 


(A.  3) 
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Eq.  (A.l)  may  he  rewritten  as 

Q(z)  = qm/g/i(z)  x vo(z)  (a-4^ 

where  represents  the  z-transform  of  the  distribution  function 

of  the  number  of  customers  in  a regular  M/G/l  queue,  and  is  given  by 
(see  [KLEI  75C]) : 

QM/G/1(z)  = B*(X  ' Az)  B*(A  ?{,)  -Zz 

and  VQ(z)  represents  the  z-transform  of  the  distribution  function  of  the  ■ 
number  of  arrivals  during  the  residual  life  of  a rest  period  and  is 
given  by 

(1  - R*(A  - Az)) 

VZ)  ~ L0(X  ' Xz}  = E(TQ)(A  - Az) 

where  C*(s)  is  the  LST  of  the  distribution  function  of  the  residual  life 
of  a rest  period. 

Indeed,  given  any  time  interval  t with  LST  of  the  distribution 
function  denoted  by  T*(s) , it  is  easy  to  show  (see  for  example 
[KLEI  75C]  p.  197)  that  the  z-transform  V(z)  of  the  distribution 
function  of  the  number  of  (Poisson)  arrivals  during  this  time  interval 
t is  given  by 


V(z)  = T* (A  - Az) 


(A.6) 


Observing  that  the  LST,  C*(s)  of  the  distribution  function  of  the 
residual  life  of  a rest  period  is  given  by 


1 - R*(s) 
C0(S)  = sE(T_)"' 


(A. 7) 


We  then  get  Eq.  (A. 5). 


(V 


1 


193 


Thus,  the  number  of  customers  in  system  just  after  the  depar- 
ture instants  (and  therefore  the  number  of  customers  in  system  at  all 
points  in  time)  is  the  convolution  of  the  two  following  independent 
random  variables: 

number  in  system  in  a regular  M/G/l  queue 

number  of  arrivals  during  a time  interval  distributed 

as  the  residual  life  of  the  rest  period. 

This  result  is  not  obvious  and  could  not  be  proven  directly. 

In  addition,  by  taking  the  first  derivative  of  the  right-hand 
side  (RliS)  of  Eq.  (A. 4)  at  z = 1 , we  obtain  the  expected  number  of 
customers  in  system  E Cq)  just  after  the  departure  instants  (and  there- 
fore the  expected  number  of  customers  at  all  points  in  time) 


. ntD 


E(q)  = Q (1)  = AE(x)  ♦ 


xW)  XE(To> 

(1  - P)  + 2E(T0) 


(A. 8) 


The  sum  of  the  first  two  terms  of  the  R1IS  of  Eq.  (A.  8)  represents  the 
expected  number  in  system  E (c^|/q/ j ) in  a regular  M/G/l  queue  (P-K 
formula,  see  [KLEI  75C]  , p.  187). 


Proof: 


j Let  us  define  the  following  sequences  of  random  variables 


related  to  C^,  the  n customer  entering  the  system  at  time  t : 

x : service  time  for  C 

n n 

qn : number  of  customers  left  behind  by  the  departure  of 

v : number  of  customers  arriving  during  the  service  time  of  C 

n r 

/ number  of  customers  arriving  during  a rest  period 
l if  Gn  finds  the  system  empty  (Cn  is  the  first  customer 
wn : 'arriving  during  this  rest  period) 

' 0,  otherwise 
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We  choose  q^  as  out  state  variable:  We  proceed  to  solve  for 

the  system  behavior  just  after  the  departure  instants.  These  instants 
in  time  form  an  imbedded  Markov  chain.  The  solution  at  these  points 
will  also  provide  the  solution  for  all  points  in  time  [MILL  64], 

Our  first  step  is  to  find  an  equation  relating  the  random 
variable  qn+ j to  the  random  variable  q^  by  considering  two  cases.  The 
first  is  shown  in  Figure  A. 1 and  corresponds  to  the  case  where  leaves 
behind  a non-empty  system  (i.e.,  q^  > 0;  Cn+j  is  already  in  the  system 
when  departs) . Clearly  we  have 

q . = q - 1 + v , q >0  (A. 9) 

Mn+l  Mn  n+1  'n 

Indeed,  the  number  of  customers  left  behind  by  the  departure  of  is 

equal  to  the  number  of  customers  left  behind  by  the  departure  minus  one 

(departure  of  Cn+j)  plus  the  number  of  customers  that  arrive  during  the 

service  interval  x , . 

n+1 


Figure  A.1.  Case  where  qn  > 0. 


Now  consider  the  case  where  q = 0 (i.e.,  C leaves  behind  an 

^n  n 

empty  system).  An  example  of  this  case  is  illustrated  in  Figure  A. 2. 

At  the  departure  of  C , the  server  takes  a first  rest  period.  When  he 

returns,  there  is  no  backlog  (C  . has  not  yet  arrived  by  the  time  the 

n+1 

server  returns).  The  server  takes  a second  rest  period,  during  wh  ch 

Cn+j  arrives.  At  the  end  of  this  rest  period,  the  server  begins  to 

serve  C , . 
n+ 1 


C REST  REST 
i PERIOD  ?ER,0R 


SERVER 


QUEUE 


"+1  %+lLEFT 
.xn+1^*  / BEHIND 


TIME 


~ tr 

IT  vn+1 

wn+1 

Figure  A.2.  Case  where  qn  = 0. 


We  have 


q , = w , - 1 + v , 
'n+1  n+1  n+1 


q = 0 


(A. 10) 


Indeed,  the  number  of  customers  left  behind  by  the  departure  of  is 

equal  to  the  number  of  customers  arriving  during  the  last  rest  period 

minus  1 (departure  of  C^+j)  plus  the  number  of  customers  that  arrive 

during  the  service  interval  x , . 

n+1 

Collecting  together  l-q.  (A. 9)  .and  Oq.  (A.  10),  we  may  now  write 


the  single  equation  relating  <l|1+j  to  q as 
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Let  us  define 


q ,=q  - 1 + v , + w , 

hi+l  'n  n+1  n+1 


q = lim  % 


ECqJ)  = lim  E(qj^) 
n-*» 


These  limits  exist  if  the  imbedded  Markov  chain  is  ergodic.  Assuming 
ergodicity  and  forming  the  expectation  of  both  sides  of  Eq . (A. 11),  we 
have  in  the  limit  as  n -*■  00 


which  yields 


E(q)  = E (q)  - 1 ♦ E(v)  + E(y) 


E (y)  = 1 - E(v) 


E(v),  which  is  the  average  number  of  arrivals  during  a service  time  is 


given  by 


E(v)  = XE(x)  = p 


E(y)  is  the  expected  value  of  the  following  random  variable: 

number  of  customers  arriving  during  a rest  period, 
given  there  is  at  least  one  arrival  during  this 
~ rest  period,  if  the  last  departure  left  behind  an 
y 1 empty  system 

0,  otherwise 


Clearly,  we  have 

P[there  is  at  least  one  arrival  during  a rest  period]  = 1 - Rq(^) 


E [number  of  arrivals  during  a rest  period]  = AE(Tq) 


Then 


XE(T  ) 

E(y)  = Pfi  = 0]  Y -T^X)  * 0 x ^ 


P[q  = 0]) 


Denoting  P[q  = 0]  by  p^ , we  have 


E(y)  = p 


ae(tq) 

0 1 - R*(A) 


(A. 14) 


Substituting  Eq.  (A. IS)  and  Eq.  (A. 14)  in  Eq.  (A. 12),  we  obtain  p^ 
which  is  also  the  probability  that  the  system  is  idle  (empty): 


' RoW)  (A'15’ 

Eq.  (A. 15)  is  precisely  Eq.  (A. 3). 

For  stability  we,  of  course,  require  p^  > 0 or  equivalently 
as  in  a regular  M/G/l  queue 

p = AE (x)  < 1 (A. 16) 

We  now  proceed  to  calculate  the  z-transform  Q(z)  of  the  distribution 
function  of  the  random  variable  q: 

q 

Q(z)  = E[z^]  = lim  Q^fz)  = lim  E[z  n] 

n-»o  n+°° 


From  Eq.  (A. 11)  we  have 


E[z  n+1]  = 


q -1+V  +w  , 
n n+1  n+1, 

E[z  ] 


Since  v^+^  is  independent  of  q^  and  also  is  independent  of  the  subscript 
(n+1)  we  may  write 


EfzV1 


(A. 17) 
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By  the  same  argument  as  above  (Eq.  (A. 6)),  it  is  easy  to  show  that 


E[zv]  = B*(  A-  Az) 


(A.  18) 


Let  us  examine  the  second  factor  of  the  right-hand  side  of  Eq.  (A. 17): 


q +w 
^n  n+1. 


E[z  ] if  qn  > 0 


E[Z  n A]  if  qn  = 0 


where  Yn+^  is  the  number  of  arrivals  during  a rest  period  given  there 
is  at  least  on  arrival.  This  random  variable  is  independent  of  the 
subscript  (n+1).  Therefore 


yn+l.  _ R(z)  - R(0) 


E[z  *] 


1 - R(0) 


where  R(z)  is  the  z-transform  of  the  distribution  function  of  the  number 
of  arrivals  in  a rest  period  and  R(0)  is  tiie  probability  there  is  no 
arrival  during  a rest  period.  Using  the  same  argument  as  before 


(Eq.  (A. 6)),  we  have 


R(z)  = R*(A  - Az), 


yn+l,  R0(A  - Az)  - R0*^ 

blZ  j " 1 - R*(A) 


Thus  we  have 


ti  n+1. 


, V ^ i rr  n+1, 

J = 2-  P„  .Z  + P„  nfc[z  ] 


n,i  Kn,0 


where  p . , i = 0,  1,  2,  . . . denotes  P[q  - i].  We  finally  obtain 


Substituting  Eq.  (A. 18)  and  Eq.  (A. 19)  into  Eq.  (A. 17),  we  have 


We  now  take  the  limit  as  n goes  to  infinity.  Denoting  by  p the  limit 


as  n goes  to  infinity  of  p 


we  have  in  the  limit 


Since  Q ( 1 ) = 1,  p must  satisfy  the  following  limit 


0 [B*(A  - Xz)  - z][l  - R*(A)] 


Applying  L'Hospital  rule,  we  then  have 


(1  - R*(X)) 


which  is  the  expression  obtained  earlier  for  p (Eq.  (A. 15)) 


Substituting  Eq.  (A. 21)  in  Eq.  (A. 20),  we  finally  have  the  expression 


for  Q(z)  as  given  by  Eq.  (A. 1) 


This  equation  provides  the  solution  for  all  points,  i.e.  , the 


z-transform  of  the  distribution  function  of  the  number  of  customers  in 


system  at  all  instants 


We  may  then  easily  derive  the  LST,  S*(s)  of  the  distribution 
function  of  the  delay  (time  in  system)  incurred  by  a customer  from  his 
arrival  instant  until  his  service  completion. 


A. 3 LST  of  the  Distribution  Function  of  the  Time  in  System 

Using  the  same  argument  as  before  (Eq.  (A. 6)),  we  observe  that 
S*(A  - Az)  is  the  z-transform  of  the  distribution  function  of  the  number 
of  customers  arriving  during  the  time  spent  in  system  by  any  customer 
(waiting  time  plus  service  time).  But  this  number  of  customers  is 
precisely  the  number  of  customers  which  arrive  after  a given  "tagged" 
customer  and  left  behind  after  his  departure.  Therefore  we  may  write 
[KLEI  75 C] 


Q(z)  = S*(A  - Az) 


(A. 22) 


By  making  the  change  of  variable 


which  gives 


s = A - Az 


2 = 1 ' A 


and  by  substituting  Eq.  (A. 22)  in  Eq.  (A. 1)  we  then  have 


S*(s)  - 

( 3 E(TJ 


(1  - p)(l  - R*(s)) 


s - A + AB*(s) 


(A. 23) 


which  is  the  LST  of  the  distribution  function  of  time  in  system. 
Eq.  (A. 23)  may  be  rewritten  as 


SMs)_  U--:.  p)sB-*1sJ  ll^fl 

b s - A + AB*(s)  sE(Tq) 


(A. 24) 
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The  fir^t  factor  of  Eq.  (A. 24)  is  the  LST  of  the  distribution  function 
of  time  in  system  in  a regular  M/G/l  queue  (see  for  example  [KLEI  75C]), 
The  second  factor  of  Eq.  (A. 24)  is  the  LST  of  the  distribution  function 
of  the  residual  life  of  a time  interval  distributed  as  the  rest  period 
(see  Eq.  (A. 7)) . 

S*(s)  = S*/G/1(s)  x C*(s)  (A. 25) 

Thus  the  time  spent  in  system  is  equal  to  the  convolution  of  the  two 
following  independent  random  variables: 

i)  time  a customer  would  spend  in  a regular  M/G/l  queueing 
system  (without  rest  period)  with  the  same  arrival  and 
service  processes,  and 

ii)  additional  delay  distributed  as  the  residual  life  of 
the  rest  period. 

By  taking  the  first  and  second  derivatives  at  s = 0 of  the 

right-hand  side  of  Eq.  (A. 25)  we  obtain  the  first  and  second  moments  of 

2 

time  in  system,  which  we  denote  by  E(T)  and  E(T  ) : 


E(T)  = + E [residual  life  of  a rest  period] 

XEf  2 E(T0} 

E (T)  = E(x)  + + 0 


2(1  - p)  2E(TQ) 


(A. 26) 


The  sum  of  the  first  two  terms  of  the  right-hand  side  of  Eq.  (A. 26), 
(E(T^G^j))  represents  the  Pol  laczek-Khinch in  mean  value  formula 
[KLEI  75C] . Then  the  expected  waiting  time  E(w)  is  given  by 

E (w)  = 


AE(x2) 

* 2R<V 


20  - P) 


(A. 27) 
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The  second  moment  E(T  ) is  given  by 

2 2 E(T0)  E(T0} 
E(T  > = e(tm/g/i>  + 2e<tm/g/i>  2E(T0)+  3E(T0) 


(A. 28) 


where  is  t^le  second  moment  of  time  in  system  in  an  M/G/l 


queue.  Then  we  have 


E<TM/CV1>  - E<»h/G/1>  * 2E'"m/G/1>E<x>  * E<x2)  ( 

2 

where  EfWj^^j)  and  Efw^^yj)  are  the  first  and  second  moments  of 
waiting  time  in  an  M/G/l  queue  and  are  given  [KLEI  75C]  by 

Ffw  ) = -)  r 

1 M/G/l ’ 2(1  - p)  1 


(A. 29) 


(A.  30) 


1 (WM/G/ 1 ^ 2tE(wM/G/l^  + 3(1(-  c 


M/G/l  M/G /l'J  3(1  - p) 

2 

But  the  second  moment  of  waiting  time  E(w  ) is  such  that: 


(A. 31) 


E(w2)  = F.(T2)  - 2E(w)E(x)  - E(x2) 


(A. 32) 


Substituting  Eq.  (A. 28),  (A. 29),  (A. 30)  and  (A.  31)  into  Eq.  (A. 32) 
we  obtain  after  some  manipulations 


E(w2)  = MO.  E(w)  + _AE(x3)  + E(T03 

1 ’ (1  - P)  3(1  - p)  3E(TQ) 


(A. 33) 


Finally,  we  may  observe  that  the  variance  a“  of  time  in  system 
is  equal  to  the  variance  O2^,^ j of  time  in  an  M/G/l  queueing  system  with 
the  same  arrival  and  service  processes  (without  rest  period)  plus  the 
variance  of  the  residual  life  of  a rest  period 
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2 = 2 2 

°M/G/1  residual  life 


J2  2 E<V  R(T0} 

° °M/G/1  + 3E(TQ)  ' 2E(T0) 


(A. 34) 


By  looking  at  the  expression  of  S*(s)  as  given  by  Eq.  (A. 23) 
we  were  able  to  decompose  the  time  in  system  as  the  convolution  of  two 
independent  random  variables  (we  were  not  able  to  prove  this  result 
directly) : 

i)  time  in  system  if  there  were  no  rest  period 
ii)  additional  delay  distributed  as  the  residual  life  of  the 
rest  period 

When  the  distribution  function  of  the  rest  period  is  sudi  that  any  rest 
period  duration  is  smaller  than  or  equal  to  any  service  time*,  then 
this  additional  delay  is  the  time  tj  elapsing  between  the  arrival 
instant  of  the  first  customer  (customer  who  starts  the  busy  period)  and 
the  end  of  the  rest  period.  Clearly  (Poisson  arrivals) , the  random 
variable  t^  is  distributed  as  the  residual  life  of  the  rest  period. 

This  is  illustrated  in  Figure  A. 3 where  the  unfinished  work  U(t)  (back- 
log in  seconds  of  service)  is  plotted  for  both  systems  (with  and  without 
rest  period)  versus  the  time  for  a particular  busy  period.  However, 
below  we  give  two  counterexamples,  where  the  additional  delay  is  not  the 
time  tj  elapsing  between  the  arrival  of  the  first  customer,  denoted  by 
Cj , and  the  end  of  the  rest  period,  although  this  delay  is  distributed  as 
the  residual  life  of  the  rest  period;  this  we  know  from  Eq.  (A. 23). 


As  an  example,  we  might  consider  an  M/ 1 >/ 1 slotted  queueing  system  in 
which  the  rest  period  and  the  service  time  are  identically  distributed 
and  deterministic  with  length  equal  to  one  slot. 
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SERVER  BUSY  PERIOD 


ifiSOBI 


12  13243 


(a)  M/G/l  QUEUE 

(Tj  IS  THE  TIME  SPENT  IN  SYSTEM  BY  CUSTOMER  Cj,  i = 1. 


REST 

"PERIOD* 


SERVER  BUSY  PERIOD 


rx 


K 


M -2 

T',  =3+2  = 5 


3 14  2 3 


(b)  M/G/l  QUEUE  WITH  REST  PERIOD:  T'j  = T{  + tv  i - 1,2,3,4 
(Tj  IS  THE  TIME  SPENT  IN  SYSTEM  BY  CUSTOMER  C,  , i = 

Figure  A. 3.  Unfinished  Work  and  Delay  for  a Particular  Busy  Period  of 
4 Customers 


In  these  two  counterexamples  tj  is  longer  than  the  service  time  of  the 
first  customer.  In  the  first  one,  illustrated  by  Figure  A. 4,  six  cus- 
tomers arrive  during  the  rest  period.  However,  if  there  were  no  rest 
period,  during  the  time  interval  of  length  t^  starting  at  Cj's  arrival, 
we  would  observe  three  busy  periods.  Three,  two  and  one  customer  would 
respectively  be  served  during  these  three  rest  periods.  Let  us  denote 
by  X X2,  X3  the  respective  lengths  of  these  three  busy  periods,  which 
are  respectively  initialized  by  customers  and  C In  the  system 

with  rest  period,  , C,,  spend  a time  in  system  which  is  equal  to 
the  time  in  system  they  would  spend  if  there  were  no  rest  period  plus 
a delay  equal  to  t^.  However  and  C<.  incur  an  additional  delay  which 
is  equal  to  X^  + t^,  where  t^  is  the  time  elapsing  from  C^'s  arrival 
to  the  end  of  the  rest  period.  incurs  an  additional  delay  which  is 

equal  to  + X^  + t^,  where  t^  is  the  time  elapsing  from  C^'s  arrival 
to  the  end  of  the  rest  period.  More  generally,  if  there  are  n busy 
periods,  all  customers  of  the  i*^  busy  period  initialized  by  customer 
CL  (tj  seconds  before  the  end  of  the  rest  period)  incur  an  additional 

delay  which  is  equal  to  \ + ...  + \ , + t.  where  \ * . . . + X , is 

M 1 l-l  j 1 l-l 

the  amount  of  backlog  (in  seconds  of  service)  accumulated  during  the 
rest  period  before  the  arrival  of  customer  C. . 

In  the  second  counter-example  illustrated  by  Figure  A. 5,  three 
customers  are  served  in  one  busy  period  (Figure  A. 5(b) : M/G/l  with 

rest  period).  However  if  there  were  no  rest  period,  we  would  observe 
two  busy  periods,  i.e.,  an  idle  period  between  the  service  of  C,  and  the 
service  of  C^.  Cj  and  fL,  incur  an  additional  delay  tj  , where  t^  is 
defined  as  above  while  C-  incurs  an  additional  delay  Y . Tt  looks 
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L A 

V , 

i 


I 


U(t) 


(a)  M/G/l  QUEUE  (Tj  : TIME  SPENT  IN  SYSTEM  BY  CUSTOMER 
Cj,  i = 1,2.3) 


U(t) 


(b)  M/G/l  QUEUE  WITH  REST  PERIOD  (T'j  * TIME  SPENT  IN  SYSTEM 
BY  CUSTOMER  Cj  , i - 1,2,3) 


Figure  A.5.  Unfinished  Work  and  Tima  in  System:  Second  Counterexample  for  a 
Particular  Busy  Period  of  Three  Customers; 

^ Arrival,  ^ Departure 


208 


like,  when  we  introduce  a rest  period,  the  first  busy  period  is  shifted 


on  the  time  axis  by  t^  seconds.  If  during  the  last  tj  seconds,  a new 
customer  arrives  and  initiates  a busy  period  (in  the  system  without  rest 
period:  Figure  A. 5(a)),  then  this  customer  and  all  his  "descendants" 

are  going  to  incur  the  same  additional  delay  y (in  the  system  with  rest 
period:  Figure  A. 5(b)). 


A.  4 Cycle,  Busy  Period,  Probability  the  server  is  busy 

Following  Miller  [MILL  64],  we  define  a cycle  as  the  length  of 
time  which  elapses  between  the  beginning  of  a rest  period  and  the  begin- 
ning of  the  following  rest  period  (Figure  A. 6).  We  denote  this  random 

variable  by  T and  the  LST  of  its  distribution  function  by  G*(s).  The 
c c 

server's  busy  period  has  a length  denoted  by  and  lasts  from  the  end 

of  a rest  period  until  the  start  of  the  next  rest  period  (Figure  A. 6). 

the  LST  of  its  distribution  function  is  denoted  by  G,*(s).  T,  , which  has 

b b 

a finite  probability  of  being  equal  to  zero  is  the  time  during  a cycle 
when  the  server  is  busy.  Using  an  argument  referred  to  as  delay  cycle 
analysis,*  Miller  derived  G*(s)  and  G£(s)  [MILL64] : 


G*(s) 


R*(s  - A - AG*(s) ) 


(A. 35) 


G*(s) 


R*(A  - AG*(s) ) 


(A. 36) 


where  G*(s)  is  the  LST  of  the  distribution  function  of  the  length  of  a 
busy  period  in  an  M/G/l  queueing  system,  with  first  and  second  moments 
denoted  by  g^  and  g^. 


See  [KLEI  76],  Section  3.3,  for  a description  of  the  delay  cycle 
analysis . 
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CYCLE  1 


SERVER'S  BUSY 
PERIOD 


-REST  PERIOD- 


REST 

PERIOD 


CYCLE  2- 


SERVER'S  BUSY  PERIOD 


Figure  A.6.  Example  of  Cycle*. 


G*(s)  is  given  [KLEI  75C]  by 


G*(s)  = B*(s  + A - AG*(s)) 


By  taking  the  first  derivative  of  Eq.  (A. 37),  one  easily  gets  g} 


R _£ w_ 

Ki  ■ i - p 


By  taking  the  first  derivative  of  Eq.  (A. 35)  and  Eq.  (A. 36),  we  have 


E(Tc)  = (1  ♦ Agl)E(T0) 


E(Tb)  » AglE(TQ) 


Therefore,  substituting  Eq.  (A. 38)  into  the  two  previous  equations  we 


obtain 


E(T  ) 

E(Tc>  = 


P E(Tq) 


E(V  = i-rt 


where  p lias  been  defined  (Eq.  (A. 2))  by 


p = AH(x) 
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By  taking  the  second  derivative  of  1-q . (A.  37)  we  got 


P.(x2) 

^*2  3 

(i  - p) 


(A. 41) 


Taking  the  second  derivative  of  Eq.  (A.  36)  and  substituting  the  value  of 


g2>  as  given  in  Eq . (A. 41),  we  finally  obtain 

e(t2)  = _A.E(X  ,l3  e(T(J)  + 


(1  - P) 


Cl  - p) 


2 EtTo’ 


(A. 42) 


Similarly,  we  obtain 


E(Tc>  ■ E‘V  * — ^ E(To> 


(1  - P)' 


(1  - P)' 


(A. 43) 


Busy  Fraction 

Hie  proportion  of  time  during  which  the  server  is  idle  fi.e., 
is  taking  rest  periods)  is  given  by  E(T0)/E(Tc).  This  can  be  seen  from 
the  following  argument: 

At  any  instant  during  the  realization  of  N cycles,  the  proba- 
bility that  we  find  the  server  in  a rest  period  is  equal  to  the  total 
time  represented  by  the  rest  periods  divided  by  the  total  time  of  the  N 
cycles.  Dividing  the  numerator  and  denominator  by  N and  letting  N grow 
large,  the  numerator  tends  to  E(Tq),  while  the  denominator  tends  to 
E(T£).  It  can  be  shown  more  formally  from  renewal  theory  [COX  62] 

[ROSS  70]  that  if  EfT^)  < 00  and  the  distribution  of  Tc  is  non-lattice. 


lim  P(server  is  idle  at  time  t)  = 


E(T0) 

E(Tc) 


(A. 44) 


From  Eq.  (A. 39),  the  condition  EfT^)  < « becomes 


ECT0)  < 00  and  p < 1 . 


Substituting  the  expression  of  E(Tc)  as  given  by  F.q.  (A.  39) 
into  Eq.  (A. 44)  we  finally  obtain 


P{server  is  idle)  = 1 - p 


(A. 45) 


and  of  course 


P{server  is  busy}  = p = AE(x) 


(A. 46) 


For  p < 1 , we  see  then  that  the  busy  fraction  in  an  M/G/l  queue  with 
rest  period  is  equal  to  the  busy  fraction  in  the  M/G/l  queue  (without 
rest  period)  having  the  same  arrival  and  service  processes.  Thus,  the 
busy  fraction  is  independent  of  the  distribution  of  T . If  TQ  is  long, 
then  the  busy  period  is  long  and  the  cycle  is  long.  When  the  cycle  is 
long,  there  are  fewer  rest  periods  per  unit  of  time.  Thus  there  is  a 
self-regulating  effect  such  that  the  M/G/l  queue  with  rest  period  has 
the  same  non-saturation  condition  (p  < 1)  as  does  the  regular  M/G/l 
queue. 

Denoting  by  p^  the  probability  that  the  system  is  idle,  i.e., 
there  are  no  customers  waiting  for  service  or  being  served,  we  have  in 
an  M/G/l  queue 


Pq  = P [system  idle]  = P [server  idle]  = 1 - p 


while  in  an  M/G/l  queue  with  rest  period,  we  have 


1 - P - pQ  = P [server  idle  and  there  is  at  least  one 
customer  waiting  for  service]  > 0. 

Until  now,  a cycle  represented  the  interval  elapsing  from  the 
beginning  of  a rest  period  to  the  beginning  of  the  following  rest  period. 
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Below,  such  a cycle  is  referred  to  as  an  elementary  cycle  with  length  T . 

Let  us  define  a large  cycle  by  the  time  interval  elapsing  from 
the  end  of  a busy  period  to  the  end  of  the  following  busy  period 
(Figure  A. 7) . A large  cycle,  the  length  of  which  is  denoted  by  T , is 
composed  of  N(  >1)  consecutive  rest  periods  ("vacation"  of  length  Ty) 
followed  by  one  server's  busy  period.  Let  us  denote  by  E(T^)  the 
expected  length  of  a large  cycle.  By  the  same  argument  as  above  [COX  62] 


we  have 


where 


E(Tj) 

po  = e'(t  7 

L 


E(tt)  - i 


(A. 47) 


(A. 48) 


is  the  expected  length  of  an  idle  period  of  length  T , i.e.,  a period 
where  there  is  no  customer  either  waiting  for  service  or  being  served. 


■Tl  (LARGE  CYCLE)- 


REST 

PERIOD 


— •»  *« — REST  PERIOD— • • • 


(ELEMENTARY)  CYCLE 


REST 

PERIOD 


SERVER'S  BUSY 
PERIOD 


-T„  (VACATION) 


T,  (IDLE  PERIOD)- 


-TB  (SYSTEMS  BUSY  PERIOD) 


Figura  A.7.  Larga  Cycla,  Vacation.  Buiy  and  Idla  Panada. 
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We  have 

P{N  = k}  = {1  - R*(X) } [R*(X) ]k_1  k = 1,  2,  ... 


and  therefore,  the  expected  length  of  the  vacation  is 

Ecy 

E(V  " 1 - R* (X) 


But  this  is  also  equal  to  the  fraction  of  time  in  a large  cycle  (1  - p) 
where  the  server  is  idle  times  the  expected  length  E(T^)  of  a large 
cycle.  We  then  have 


E(T0) 

E(V  (1  - pi  (1  - R*(A)) 


(A. 49) 


Substituting  Eq.  (A. 48)  and  Eq.  (A.  49)  in  Eq.  (A. 47),  we  finally  have 

(1  - p)  (1  - Rq  (X) ) 

p0  = XETy 

which  is  precisely  Eq.  (A. 3). 

Defining  the  system’s  busy  period  (of  length  Tfi)  as  the  period 
in  which  there  is  at  least  one  customer  waiting  for  service  or  being 
served,  we  also  have 


E(Tl)  = E(Tb)  + E (Tj) 


and  thus 


APPENDIX  B 

SECOND  MOMENT  OF  THE  WAITING  TIME  IN  AN  M/C/1  QUEUE 
WITH  REST  PERIOD  AND  RANDOM  ORDER  OF  SERVICE  (ROS) 

Hie  queue  M/G/l  with  ROS  has  previously  been  studied  and 
reported  upon  [KING  62,  TAKA  63],  Following  a similar  approach  to  that 
which  can  be  found  in  [KING  62],  we  derive  below  the  second  moment  of 
the  waiting  time  in  an  M/G/l  queue  with  rest  period  and  ROS.  We  know 
that  Eq.  (A.l)  gives  the  z-transform  of  the  distribution  function  of  the 
number  in  system  (since  the  order  of  service  is  independent  of  service 
time;  see  Section  3.4).  Moreover,  the  average  waiting  time  must  be  the 
same  as  for  FCFS  (see  Eq.  (A. 27)  and  Section  3.4). 

The  model  we  consider  below  is  identical  to  the  model  studied 
in  Appendix  A in  all  respects  except  that  the  service  discipline  is  now 
chosen  as  ROS;  the  server  chooses  a customer  to  be  served  at  random 
from  among  all  customers  present  in  the  queue. 

We  consider  a tagged  customer  C entering  the  system.  There 
are  two  possibilities,  with  respective  probabilities  p and  (1  - p) . 
Either  the  server  is  busy,  in  which  case  C must  wait  a time  u^  before 
the  server  becomes  free  and  we  may  write 

Wj  = Uj  ♦ vx  (B.l) 

or  the  server  is  idle,  in  which  case  C must  wait  a time  u0  before  the 
server  ends  his  rest  period  and  we  may  write 

w2  = u2  + v2  (B.2) 


n 
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W 


The  first  and  second  moments  of  the  distribution  function  of  the  waiting 
time  w,  are  then  expressed  as 


I 


! 


E(w) 

= pE(w1)  + 

(1 

- p)E(w2) 

(B. 

3) 

E(w2) 

= PE(w2)  ♦ 

(1 

- P)E(w2) 

(B. 

• 4) 

2 

First  we  evaluate  the  first  and  second  moments  I: (w ^ ) and  E(w^)  of  the 
waiting  time  of  C,  given  that  C finds  the  server  busy. 

We  denote  by  S,  the  service  time  of  the  customer  being  served 
when  C arrives  [KING  62].  u ^ is  uniformly  distributed  in  (0,  S)  and 
from  a well-known  result  in  connection  with  forward  recurrence  times 
in  renewal  theory  (see  for  example  [COX  62]),  the  distribution  of  S is 
given  by 


P{S  < t} 


SdB(S)/J  SdB(S) 


In  particular,  we  have 


? 


F-(S)  = E(x“)/fi(x) 

(B . 5) 

E(S2)  = E(x3)/E(x) 

(B.6) 

Let  us  denote  by  n the  number  of  customers  in  the  system 
(excluding  C)  just  after  the  end  of  the  service  time  S and  by  m the 
number  of  customers  left  belli nd  by  the  previous  departure  (the  last 
customer  served  before  the  period  S)  [KING  62].  From  Appendix  A 
(Eq.  (A.l))  we  know  that 


216 


„,_m,  _ B*(A  - Az)  (1  ‘ p)(1  " R0(A  - Xz)j 
*HZ  J *"  \crT  ^ 


*E(T0) 


B*( A - Az)  - z 


(B.7) 


Then  it  is  easy  to  show  that 


n = m - Am  + k 


(B.8) 


where  Am=  1 if  m > 0 and  0 otherwise,  and  where  k is  the  number  of 
arrivals  (excluding  C)  during  the  service  time  S.  The  generating  func 
tion  of  k is  given  by 

E(zk/S)  = e"^1'23  (B . 9) 

Thus 

E[zn/S]  = E(zm'Ain+k/S) 
and  since  k is  independent  of  m,  we  have 

E(zn/S)  = E(zm"Am)E(zk/S) 

r,  m-Am,  -AS(l-z) 

= E (z  )e 


Using  the  same  argument  as  in  Appendix  A to  evalulate  E(zm_Am),  we 
finally  have 


F-(zn/S) 


(1  - P)C1  - R0*CA  - Az))  _xsfl_2) 
AE(Tq)[B*(A  - Az)  - z]  e 


(B.in; 


In  particular 


and 


E(n(n 


1)/S)  = 


A2r-  (x2) 


A2E(x2) 


2(1  - P) 


AE(v  r a2e(x2) 


E(T0)  [2(1  - p) 


AS 


+ AS 


cxsj2  * A-i-’) 


3(1  - p) 


2 3 

X E(Tg) 

3E(T0) 


(B. 12) 


The  problem  of  determining  the  waiting  time  w^  is  thus  reduced  to  that 


of  finding  the 

distribution  of 

Vj,  given 

n [KING  62]. 

In  particular 

9 

we  may  write 

E(Wj) 

= E(Uj)  * 

E(Vj) 

(B. 

13) 

E(Wj) 

= VU(W1 

/S)) 

(B. 

14) 

E(w1/S) 

= S/2  + I: 

(vL/S) 

(B. 

IS) 

EfVj/S) 

= En<E<vl 

/S ,n) ) 

(B. 

16) 

Similarly,  we  have 


E(w2) 

= E(u2)  ♦ 2E(u])E(v1)  + E(v2) 

(B.17) 

E(w2) 

= Es(E(w2/S)) 

(B. 1 8) 

E(w2/S) 

= E(u2/S)  + 2F.(u1/S)E(v1/S)  ♦ E(v2/S) 

(B . 19) 

E(w2/S) 

= S2/3  ♦ SE (Vj/S)  E (v2/S) 

(B . 20) 

E(v2/S) 

= En(E(v2/S,n)) 

(B. 21) 

2 

The  problem  is  thus  reduced  to  that  of  finding  E(Vj/S,n)  and  E(v[/S,n)) 
Kingman  solved  for  the  distribution  function  of  Vj,  conditioned  on  S 
and  n [KING  62].  Takacs  evaluated  the  first  and  second  moments 
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™ - 


[TAKA  63]  : 

noys.n)  = 

(B.22) 

E(v2/S,n)  = An(n  - 1)  + Rn 

(B.23) 

where 

A - 2 [E  (x)  ] 2 

(2  - P)(3  - 2p) 

(B . 24) 

and 

D (6  - P) E (x“) 

(B.25) 

(2  - P) 2 (3  - 2p) 

From  Eqs.  (B.22)  and  (B.16)  we  have 


E(v  /S)  = !-.(x)H(n/S) 
1 2-n 


(B . 26) 


From  Eqs.  (B.21)  and  (B.23)  we  have 


E(v^/S)  = AE (n  (n  - 1)/S)  + BF.(n/S) 


(B.27) 

Substituting  Eq.  (B.ll)  in  Eq.  (B.26),  we  obtain  an  expresssion  for 


E(v./S).  Substituting  this  expression  in  Eq.  (B.15)  we  have 

-*■  r-  -1 


E(Wj/S)  = S/2  + yf-y 


s . .SliX  . E(To) 


2(1  - p)  2E(T0) 


(B.28) 


Substituting  Eqs.  (B.12)  and  (B.ll)  in  Eq.  (B.27),  we  get  an  expression 
2 


for  E(Vj/S)  that  we  substitute  together  with  the  expression  for  F.(Vj/S) 
in  Eq.  (B.20).  Vic  then  have 


■ t * * AB 


S ♦ 


XE(x2) 


E(T2) 


2(1  - p)  2E(Tq) 


+ AX 


S2  + 


/ XE(x2)  r\ /XE(x2)  XE(x~ 

\2 ( 1 - P)  111  - p E(T  )/  3(1  - 


) + H(To) 


P) 


3E(T  ) 


From  Eqs.  (B.5),  (B. 14)  and  (B.28),  we  finally  have 


E<»i>  - rrr 


(2  * p,  , p I i.EI*2)  . 

1 U 2E(x)  P)2(l  - p)  2E(T  ) ( 


(B. 30) 


From  Eqs.  (B.5),  (B.6),  (B.18),  (B.  24),  (B.  25)  and  (B.  29),  after  some 
algebraic  manipulations,  we  have  the  result  we  were  seeking: 


e(w2\  = ....  2A_Ejx  j 

V 1/  3P  ( 1 - P)  (2 


[AE(x2)  1 2 
P(1  - p)2(2  - p) 


2P2  E(T0}  , 2 

+ (2  - P) (3  - 2p)  3E(T0)  + AE(X  1 


e(tq) 


2EfT  1 2 

'■  O'*  (2  * p)  (3  - 2( 


(2  - P)~ 
1 - P 


(B . 31 ) 


It  remains  to  evaluate  the  first  and  second  moments  Etw^)  and 

2 

E(w?)  of  the  waiting  time  of  C,  given  that  C arrives  during  a rest 
period.  We  denote  also  by  S the  length  of  this  rest  period,  u^  is 
uniformly  distributed  in  (0,  S) . From  the  same  renewal  argument  as 


above  [COX  62] , we  have 


’iSl  t(  = r SdR()(S)/ J ’ SdR0(S) 


(B. 32) 


where  R()(S)  denotes  the  distribution  function  of  the  rest  period.  In 


particular  we  have 


E(S)  = 


e<tqI 

E(V 


2 E(T0> 

E(SZ)  = - 

,;(V 


(B . 33) 


(B. 34) 
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Denoting  also  by  n the  number  of  customers  in  the  system  (excluding  C)  , 
at  the  end  of  the  rest  period,  we  have: 


E(zn/S]  ■ e-iS(1-z) 


(B. 35) 


and 


E (n/S)  = AS 


(B . 36) 


E (n(n  - 1)/S)  = (AS) ‘ 


(B. 37) 


The  problem  of  determining  the  waiting  w7  is  reduced  to  that  of  finding 
the  distribution  of  given  n,  which  is  precisely  the  distribution  of 
v^,  given  n.  We  may  then  apply  the  results  obtained  above. 

In  particular,  substituting  Eq.  (B.36)  in  Eq.  (B.26),  we  have 

E(V2/S)  = (B‘38) 


but 


E(w2/S)  = j * E(v2/S) 


(B. 39) 


then 


and 


E<vs)  ■ jrfrV) 5 

..  , 2_*_p 

E(W2^  2 - p 2E(Tq) 


(B . 40) 


Substituting  Eq.  (B.30)  and  (B.40)  in  Eq.  (B.3),  we  verify,  as  we  might 
expect,  that  the  expected  waiting  time  is  the  same  as  in  an  M/G/l  queue 


with  rest  period  and  FCFS  order  of  service  (see  Eq.  (A. 27)): 

2 E(T?) 

E (w)  = 


2(1  - p)  2E(T0) 


(B . 4 1) 


Substituting  Eq.  (B.36)  and  (B.37)  in  Eq.  (B.27),  we  have 


E(v2/S)  = A (AS) 2 + BAS 


(B . 42) 
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E(w2/S)  = ♦ SE(v2/S)  ♦ E(v2/S) 


(B . 43) 


Substituting  Eqs.  (B.24),  (B.25),  (B.38)  and  (B.42)  into  Eq.  (B.43),  we 
have 

E(w2/S)  = S2  | ♦ y-2—  + J5 Yrk TT  + — ~ P)  S 

2 I3  2 ' P (2  - P)(3  - 2p)  (2  _ p-,2(3  _ 2pJ 


Unconditioning  on  S,  we  obtain  the  result  we  were  seeking: 

.,2,  E<T03)[l  P 2P2 

LV  E(Tq)  3 + 2 - p + (2  - p)(3  - 2p) 

. 2.  E<^>  6 - p 

+ ^(x  ' t:(T  1 2 

1 0J  (2  - P3  C3  - 2p) 


(B . 44) 


Knowing  the  second  moment  of  the  waiting  time  in  both  cases 
(server  idle  or  busy),  we  can  finally  obtain  the  second  moment  of  wait- 
ing time.  Substituting  Eq.  (B.31)  and  Eq.  (B.44)  into  Eq.  (B.4),  we 
have,  after  some  algebraic  manipulations: 


E(w2) 


(B.45) 

Comparing  Eq.(B.4S)  to  Eq.  (A. 33),  which  gives  the  second  moment 
of  the  waiting  time  in  an  M/G/l  queue  with  rest  period  and  FCFS  order 
of  service,  we  have  the  following  relationship. 


XF.(x3) 

AE(x2) 

/ *E(x2) 

E‘T  0> 

E<To>  ‘ 

3(1  - p) 

f 1 - P 

y2( i - p) 

2E(Tq) j 

+ 3E(T0) 

~>  A ~T  ”fcfs 
Ffw“l  = = - rL,a  - 

LL  > WROS  1 - p/2 


(B . 46) 


This  is  precisely  the  relationship  found  in  [TAKA  63]  between  the  second 
moments  of  the  waiting  time  in  a regular  (no  rest  period)  ROS  M/C/1 
queue  and  in  a regular  FCFS  M/G/l  queue. 
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In  Appendix  C,  we  show  that  the  second  moments  of  the  waiting 
time  in  a LCFS  M/G/i  queue  with  rest  period,  and  in  a FCFS  M/G/l  queue 


with  rest  period  are  related  by  the  following  equation: 

— 7 

2 FCFS 

LCFS  1 - p 

From  Eq.  (B.46)  and  Eq.  (B.47)  we  obviously  have 

~~2  ~~2  ~ 2 

w w w 

FCFS  < ROS  < LCFS 


(B  .47) 
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APPENDIX  C 

TIIE  QUEUE  M/G/l  WITH  REST  PERIOD  AND 
LAST-COME -FIRST-SERVED  (LCFS)  ORDER  OF  SERVICE 


The  queue  M/G/l  with  LCFS  order  of  service  has  been  extensively 
studied  [VAUL  54,  RIOR  61,  TAKA  63].  Kleinrock  gives  [KLEI  76,  Sec.  3.5] 
the  Laplace-Stieljes  Transform  (LST)  of  the  distribution  function  of  the 
waiting  time,  using  a delay  cycle  analysis.  Following  almost  exactly 
the  same  argument,  we  solve  for  the  LST  of  the  distribution  function  of 
the  waiting  time  W£cFS^  an  queue  with  rest  period  and  LCFS 

order  of  service.  We  know  that  Eq.  (A. 11  gives  the  distribution  function 
of  the  number  in  system  (since  the  order  of  service  is  independent  of 
service  time;  see  Section  3.4).  Moreover,  the  average  waiting  time  must 
be  the  same  as  for  FCFS  (see  Eq.  (A. 27)  and  Section  3.4). 


Laplace-Stieljes  Transform  of  the  Distribution  Function  of  the 
Waiting  Time  WlcfS^s^ 

The  model  we  consider  below  is  identical  to  the  model  studied 
in  Appendix  A in  all  respects  except  service  discipline,  which  is  now 
chosen  as  LCFS.  All  the  system's  parameters  are  denoted  as  in 
Appendix  A. 

A new  anival  finds  the  server  either  busy  (with  probability  p, 
see  Appendix  A),  or  in  a rest  period  (with  probability  1 - p) . In  any 
case  the  new  arrival  is  not  affected  by  the  customers,  if  any,  present 
in  the  waiting  line. 
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If  the  server  is  busy,  only  the  customer  found  in  service  makes 
the  new  arrival  wait,  and  his  delay  is  due  to  arrivals  that  enter  the 
system  after  he  does  and  before  his  service's  initiation. 

If  the  server  is  idle,  the  new  arrival  has  to  wait  until  the 
end  of  the  rest  period,  at  which  point  in  time  his  service  is  initiated 
only  if  no  new  arrivals  occurred  meanwhile.  Otherwise  (new  arrivals 
occurred  before  the  end  of  the  rest  period)  he  incurs  a supplementary 
delay  due  to  arrivals  that  enter  the  system  after  he  does  and  before  his 
entry  into  service. 

Then  we  may  apply  the  delay  cycle  analysis  [KLEI  76]  where  the 
initial  delay  is  either 

the  residual  life  of  the  customer  found  in  service,  or 

the  residual  life  of  the  rest  period; 
and  the  delay  busy  period  is  the  time  interval  necessary  to  serve  all 
those  arrivals  that  enter  after  he  does  and  before  his  initiation  of 
service. 

If  we  now  express  w£q;S(s)  in  terms  of  the  LST's  of  the 
distribution  functions  of  the  waiting  time  conditioned  on  the  server 
state  (busy  or  idle),  we  have 


— s w 

W*  (s)  = E[e  /server  busy  upon  arrivaljp 


LCFS 


- sw 

+ E[e  /server  idle  upon  arrival] (1  - p)  (C. 1) 
First  we  consider  the  case  where  the  server  is  busy.  The  LST  of  the 
distribution  function  of  the  residual  life  of  the  customer  found  in 
service  by  the  new  arrival  G*(s)  is  given  by 


G*(s)  = 

V J sE  (x) 


(C.  2) 
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Thus  we  have 


S W 

E [e  /server  busy  upon  arrival]  = G*(s  + A - AG*(s))  (C.3) 

where  G*(s)  is  the  LST  of  the  distribution  function  of  the  busy  period 
in  an  M/G/l  queue.  Substituting  Eq.  (C.2)  into  Eq.  (C.3).  we  have 

E [e  /server  busy  upon  arrival]  = [s  + Ag*(s)]e'(~x)  <-c-4) 

Similarly,  in  the  case  where  the  server  is  idle  we  may  write 
down  the  conditional  transform  for  waiting  time  as 

E[e  SW/server  idle  upon  arrival]  = C*(s  + X - AG*(s))  (C.5) 


where  C*(s)  is  the  LST  of  the  distribution  function  of  the  residual  life 
of  the  rest  period  and  is  given  by 


C*(s) 


1 - R*(s) 

-ETy- 


(C.  6) 


Substituting  Eq.  (C.6)  in  Eq.  (C.5)  we  have 

_s~  1 - R*(s  + X - AG*(s) ) 

E [e  /server  is  idle  upon  arrival]  = ~[s  + X AG*~(s)7e"(T  ) 

(C.7) 

Substituting  Eq.  (C.4)  and  Eq.  (C.7)  in  Eq.  (C. 1) , we  have  the  expression 
of  W*(s)  we  were  seeking: 

(1  - p) [1  - R*(s  + X - XG*(s) ] 


W*(s)  - Pi*  - B*(s  ♦ X - XG*(s) ) ] 
(s)  [s  * X - XG*(s) ]E(x) 


where  G*(s)  is  given  [KLEI  76]  by 


O' 

Is  ♦ X - XG*(s)]E(T0) 


(C.8) 


G*(s)  = B*( s + X - XG*(s) ) 
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By  taking  the  first  and  second  derivatives  of  Eq.  (C.8)  at  s = 0,  we 


find  the  first  and  second  moments  of  the  waiting  time: 

2,  E(T2  ) 


1 LCFSJ  2(1  - p)  2E(T_) 


(C.9) 


Efw2  , . AE(x  3 E(w 

1 LCFSJ  ,2  lLCFS 

(1  - P) 


, , . E(V 

3(1  - p)2  3E<V 


1 - P 


(C. 10) 


As  we  stated  earlier,  E(W^pS)  is  of  course  equal  to  EO^p^pg)  » the 
expected  waiting  time  in  an  M/G/l  queue  with  rest  period  and  FCFS  order 
of  service  (see  Eq.  (A. 27)). 

2 2 

But  the  second  moment  (wECpS)  is  larger  than  E(WpCpS)  the 
second  moment  of  the  waiting  time  in  an  M/G/l  queue  with  rest  period  and 
FCFS  order  of  service  (see  Eq.  (A. 33)).  From  Eq.  (A. 33)  we  may  simplify 


Eq.  (C. 10)  to  give 


e(Wfcfs-) 


E(-wlcfs-)  1 - p 


(C. 11) 


This  is  precisely  the  relationship  found  in  [TAKA  63]  between  the  second 
moments  of  the  waiting  time  in  a regular  (no  rest  period)  LCFS  M/G/l 
queue  and  in  a regular  FCFS  M/G/l  queue. 

~2 

In  conclusion,  the  second  moments  of  the  waiting  time  WpCpg> 

W2  and  W2  are  related  by  the  following  equation  (see  Appendix  B 
ROS  LCFS 


and  Chapter  3,  Eq.  (3.61)), 


W2  = (l  - £-\  w 

FCFS  \ 2 1 


ROS  (1  P)WLCFS 


This  result  holds  for  the  M/G/l  queue  with  rest  period  as  well 
as  for  the  regular  M/G/l  queue  (without  rest  period). 
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APPENDIX  D 

THE  QUEUE  M/G/l  WITH  INITIAL  SET-UP 
TIME  AND  FCFS  ORDER  OF  SERVICE 

We  solve  for  the  z-transform  of  the  distribution  function  of 
the  number  in  system  Q(z)  in  the  queue  M/G/l  with  initial  set-up  time 
and  FCFS  order  of  service.  The  method  we  use  is  exactly  the  one  we  used 
for  the  FCFS  queue  M/G/l  with  rest  period  (Appendix  A)  and  is  based  on 
the  "imbedded  Markov  chain"  approach  [KEND  51,  KLEI  75C] . We  then 
extend  the  conservation  law  first  obtained  by  Kleinrock  (KLEI  65]  to 
such  a queueing  system  by  exactly  the  same  argument  used  for  the  M/G/l 
queue  with  rest  period  (see  Section  3.4). 

The  model  we  consider  below  is  identical  to  the  regular  M/G/l 
queue  with  FCFS  order  of  service  in  all  respects  except  that  there  is  a 
"set-up  time"  y associated  with  the  beginning  of  a busy  period.  The 
idle  period  ends  with  the  arrival  of  the  first  customer;  y seconds  after 
the  first  customer's  arrival,  the  server  starts  to  serve  the  first  cus- 
tomer. When  the  server  completes  the  first  customer's  service,  he 
starts  immediately  to  serve  the  next  one  in  queue,  if  any,  according  to 
a FCFS  discipline,  etc.  The  set-up  time  y is  drawn  from  an  arbitrary 

distribution  function  with  Laplace-Stieljes  transform  Y*(s)  and  first 

2 

and  second  moments  denoted  by  E[y]  and  E [y  ].  The  set-up  times  are 
independent  of  each  other  and  of  the  arrival  and  service  processes. 
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z-Transform  of  the  Distribution  Function  of  the  Number  of 


Customers  in  System  at  all  Points  m Time,  and  Expected 


Time  m System 

Following  the  notations  of  Appendix  A,  we  choose  the  number  of 
customers  left  behind  the  departure  of  the  n^  customer,  C^,  entering 
the  system  as  our  state  variable.  We  proceed  to  solve  for  the  system 
behavior  just  after  the  departure  instants  (which  form  an  imbedded 
Markov  chain) . Following  the  same  approach  as  the  one  used  in  [MILL  64] 
for  the  M/G/l  queue  with  rest  period,  one  can  show  that  the  solution  at 
these  points  will  also  provide  the  solution  for  all  points  in  time. 

We  may  then  relate  qn+1  to  qn  by  the  following  equation: 


q . = q - Aq  +V  ,+(l-Aq)u  . 

Mn+1  Mn  n n+1  Mn  n+1 


(D.l) 


where 


( 1 if  q > 0 

a ' n 

Aqn  = i 

(0  if  qn  = 0 


and  un+j  represents  the  number  of  customers  arriving  during  the  set-up 
time,  given  that  starts  the  busy  period.  We  proceed  now  to  cal- 

culate Q(z).  Assuming  ergodicity,  the  following  limits  exist: 


q = lim  q 


Q(z)  = E[zq]  = lim  E[z  ] 
n -+  00 


We  have  from  Eq.  (D.l) 


q . q -Aq  +V  .+(1-Aq  )u  , 

cr  Mn+1.  „r  n 'n  n+1  Mn^  n+1, 
E[z  ] = E[z  ] 


Following  the  same  approach  as  in  Appendix  A,  one  easily 
obtains  the  following  expression  for  Q(z) : 


Q(z)  = P 


0 


B*(X  - Xz)  [1  - zY*(X  - Xz)] 
B*(X  - Xz)  - z 


(0.2) 


where  p = P{Aq  = 0}  = lim  P{Aq  = 0}  represents  the  probability  of  an 
u n ->  00  n 

empty  system  and  is  given  by 

p0  = 1 + XE(y)  (D-3 

where  p = 1 - XE(x). 

One  can  also  derive  Eq.  (D.3)  by  the  following  argument: 

It  is  easy  to  show  that* 


P[server  is  idle]  = 1 - p 


(0.4) 


then  we  have 


Pq  = P[system  idle/server  idle]  x P[server  idle]  (0.5) 

From  renewal  theory  [COX  61],  one  can  easily  show  that 

P[system  idle/server  idle]  = — ^ (D.6) 

since  the  interval  of  time  during  which  the  server  is  idle  is  the 
convolution  of  the  (system's)  idle  period  (.average  length  1/X)  and  the 
set-up  time  (average  length  E(y)). 

Substituting  Eq.  (D.4)  and  Eq.  (D.6)  into  Eq.  (D.5),  we  get 
Eq.  (D.3). 

_ 

In  a regular  M/G/l  queue  IKLEI  75C] , we  have 

P[system  empty]  = P[scrver  idle]  = 1 - Xx. 


And  of  course,  we  have 


P [set-up  time]  = (1  - p) 


1/A  + E(y) 


(D.7) 


By  taking  the  first  derivative  of  the  RI1S  of  Eq.  (D.2),  at 


= 1,  we  have 


n + *2E(x2)  + A2E(y2)  + 2AE(y) 

P 2(1  - p)  2(1  + AE(y)) 


and  from  Little's  result  we  obtain  the  expected  time  in  system 

Em  = Efx)  + AE(xj)_.  + \E(Z)..+„2E_  (yj 
1 J 1 J 2(1  - p)  2(1  + AE(y)) 


(D.8) 


The  sum  of  the  two  first  terms  of  the  RHS  of  Eq.  (D.8)  represent  the 
Pol laczek-Khinchin  mean  value  formula  [KLEI  75C] . One  may  easily  show, 
as  in  Appendix  A,  that  the  LST  of  time  in  system  is  given  by 

s*ro  - <1  - [A  - (A  - s) Y*(s)  ] 

1 J 1 + AE(y)  s - A + AB*(s) 

The  results  of  this  section  are  consistent  with  the  results 
derived  by  another  approach  in  [MILL  64]  for  a slightly  different  model 
(FCFS  M/G/l  queue  where  the  first  customer  served  in  a busy  period  has 
a service  time  drawn  from  a distribution  function  Bj(*)  different  from 
all  other  customers'  service  time  distribution  function  B(*)). 


D.  2 Conservation  Law 

We  can  easily  extend  the  conservation  law  first  stated  and 
proved  by  Kleinrock  [KLEI  65]  to  an  M/G/l  queue  with  initial  set-up  time 
and  any  conservative,  non-preemptive  queueing  discipline  which  is 
independent  of  any  measure  of  the  service  time  (see  Section  3.4). 
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First,  one  may  easily  show  that  Eq.  (3.14)  holds  for  such  a queueing 
system.  Using  the  same  notations  as  in  Chapter  3,  if  arriving  customers 
belong  to  one  of  a set  of  P different  classes,  the  expected  waiting 


times  W 

P 


are  related  by  the  following  linear  equation: 


U 


P 

£ 

p=i 


p w 

p p 


(P-9) 


where  U denotes  the  expected  backlog,  and  are  given  respectively 

by  Eq.  (3.7)  and  Eq.  (3.5).  Eq . (D.9)  holds  for  any  conservative, 
non-preemptive  and  service- independent  queueing  discipline. 

Now  since  U is  independent  of  the  order  of  service,  we  may  as 
well  calculate  U for  a strict  FCFS  discipline.  For  an  arrival  occuring 
at  time  t,  one  recognizes  that: 

1)  if  the  arrival  occurs  during  a period  when  the  server 
is  busy  (with  probability  p) , then  obviously 


\CFS(«  " "<« 


2)  if  the  arrival  occurs  during  a (system's) 

1 


(with  probability  (1  - p)  * 


1 - XE(y) 


, see  Eq.  (D.3)) 


idle  period 
, then 


WFCFS(t)  = U(t)  + y 

Indeed  at  t,  the  backlog  is  U(t)  = 0,  and  the  customer  has  to  wait  y 
seconds  (set-up  time) . 

3)  if  the  arrival  occurs  during  the  set-up  time  (with 
probability  (1  - p)  * 'i"'^XE(yj  ’ see  t^ien 

Hr 

Customers  from  group  p,  p = 1,  ...,  P,  incur  an  expected  waiting 

time  W . 

P 


4 


' 


L 


}; 
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Wpcps^J  = u(t)  + z 


where  z is  the  residual  life  of  the  set-up  time.  Indeed,  the  customer 
arriving  at  t has  to  wait  z seconds  before  service  starts  plus  U(t) 
seconds.  (U(t)  is  the  time  it  takes  to  serve  all  customers  who  arrived 
before  our  customer.) 

Taking  expectations  and  observing  that  E(z)  = l , we  have 

2t(y) 

FCFS  u CLyj  1 + AE(y)  2E(y)  1 + AE(y) 


= U + (1  . p)  .2ElZl  +_*£&) 

1 P)  2(1  + AE(y)) 


(D. 10) 


If  we  use  the  value  of  U drawn  from  Eq.  (D.IO)  in  Eq.  (D.9),  we  have 


. M . p)  -2-E Sx)  * ) = w + f p W 

1 P)  2(1  ♦ AE(y))  W0  A PP  r 


(D. 11) 


Eq.  (D . 11)  is  true  regardless  of  the  order  of  service.  In  particular, 

_p 

if  the  discipline  is  FCFS,  W = ML-™  for  all  p,  and  since  ) , p = p 

p FCFS  r *-p=l  p 

we  final ly  have 


f _ 0 . 2E(y)  ♦ AE (y  ) 

FCFS  1 - p 2(1  + AE(y) ) 


(D* 12) 


Eq.  (D.12)  is  consistent  with  Eq.  (D.8)  since  WQ  = AE(x  )/2  when  the 
discipline  is  FCFS. 

Substituting  the  value  of  W„„c  as  given  by  Eq . (D.12)  into 

r Lrb 

Eq.  (D.ll),  we  have  the  following  conservation  law: 


T Pi  = p— S-*  ).  p< 

A PP  1 - P P 2(1  + AE (y) ) P 


(D. 13) 
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throughput  at  the  large  user,  at  the  expense  of  a large  degradation  of 
the  small  users' performance.  The  maximum  achievable  throughput  A^ 
depends  on  AJ  and  N:  If  N = 2S  and  - .16  (S^  = .2)  (Figure  6.11), 

then  A,  <_  .84  (instead  of  .63  with  MAPCS) . But  to  achieve  a limiting 
throughput  of  .84,  we  have  to  split  the  channel  so  that  a > .84, 
increasing  then  the  delays  at  the  small  users  by  a factor  of  approxi- 
mately 5. 

b)  The  choice  of  the  access  mode  (MAPCS  or  split  channel)  will 
depend  on  the  small  users'  traffic.  If  the  latter  is  high,  splitting 
the  channel  will  not  significantly  degrade  the  small  users'  delay: 

If  = .56  (Sj  = .7)  (Figure  6.12),  by  choosing  a = .4  we  approximately 
do. vie  the  delay  for  the  small  users;  we  have  a better  delay  for  the 
large  user  for  most  values  of  A^  and  we  may  achieve  a large  user 
throughput  of  .41  (instead  of  .23  with  MAPCS) . If  the  small  users' 
tr.  r i i»  a.  ill  (Figure  6.11),  splitting  the  channel  degrades  the 
small  users' performance  quite  significantly. 

Therefore,  compared  with  a split  channel  mode,  MACS  and  MAPCS 
differ  in  the  following  respects: 

1)  For  N = 23,  MAPCS  achieves  a smaller  channel  utilization 
than  the  split  mode*,  while  MACS  achieves  a larger  channel  utilization 
than  the  split  mode. 

2)  The  larger  N is,  the  smaller  is  the  maximum  achievable 
throughput  with  MAPCS.  The  large  user  throughput  is  greater  with  MACS 
than  with  MAPCS  if  N is  not  too  small  (N  _>  30)  and  A^  < 1/e  (see  next 


The  larger  N is,  the  smaller  is  the  channel  utilization  with  MAPCS. 


